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在 通信 系统 数学 模型 和 相关 数学 工具 的 基础 上 ,本 书 着 重 介 绍 模 拟 调 制 系统 、 数 字 基 市 /频带 系统 、 模 
拟 信 和 号 的 数字 传输 系统 等 内 容 , 涉 及 经 典 的 调制 解 调 、 编 码 译 码 方法 ,并 注重 从 系统 的 角度 进行 分 析 和 理 
解 。 全 书 共 分 为 8 章 , 各 章 之 间 既 独立 又 相互 联系 ; 为 了 把 知识 点 和 相互 联系 清晰 地 表示 出 来 , 章 自 一 般 
都 有 思维 导 图 。 在 学 习 过 程 中 应 注重 学 习 方法 和 技巧 的 总 结 , 从 系统 和 全 局 的 角度 对 教材 进行 整体 把 握 ， 
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我 国电 子 信息 产业 销售 收入 总 规模 在 2013 年 已 经 突破 12 万 亿 元 ,行业 收入 占 工 业 总 
体 比重 已 经 超过 9%。 电 子 信 息 产 业 在 工业 经 济 中 的 支撑 作用 凸显 ,更 加 促进 了 信息 化 和 
工业 化 的 高 层次 深度 融合 。 随 着 移动 互联 网 、 云 计算 、 物 联网 、 大 数据 和 石壁 类 等 新 兴 产 业 
的 燃 发 式 增长 ,电子 信息 产业 的 发 展 呈现 了 新 的 特点 ,电子 信息 产业 的 人 才 培 养 面临 看 新 的 
PE AK 

C1) BG FE h HA n AHLIE E. A IE a E Sp BTS HL Tig RY AN tt Ac RE «T Do T. Mb 
设备 融合 了 大 量 最 新 的 电子 信息 技术 ,它们 一 起 构成 了 庞大 而 复杂 的 系统 ,派生 出 大 量 新 兴 
的 电子 信息 技术 应 用 需求 。 这 些 “ 系 统 级 "的 应 用 需求 ,迫切 要 求 具 有 系统 级 设计 能 力 的 电 
于 信息 技术 人 才 。 

(2) 电子 信息 系统 设备 的 功能 越 来 越 复 杂 ,系统 的 集成 度 越 来 越 局 。 因 此 ,要 求 未 来 的 
设计 者 应 该 具备 更 扎实 的 理论 基础 知识 和 更 宽广 的 专业 视野 。 未 来 电子 信息 系统 的 设计 越 
来 越 要 求 软件 和 人 硬件 的 协同 规划 ,协同 设计 和 协同 调试 。 

(3) 新 兴 电 子 信息 技术 的 发 展 依 顿 于 半导体 产业 的 不 断 推动 ,半导体 三 商 为 设计 痢 提 


供 了 越 来 越 丰 名 的 生态 黄 源 ,系统 集成 厂商 的 全 方位 配合 又 加 速 了 这 种 生态 质 源 的 进一步 
完善。 半导体 厂商 和 系统 集成 厂商 所 建立 的 这 种 生态 系统 ,为 未 来 的 设计 者 提供 了 更 加 便 


捷 却 又 必须 依赖 的 设计 资源 。 

教育 部 2012 年 颁布 了 新 版 (高 等 学 校本 科 专 业 目 录 》, 将 电子 信息 类 专业 进行 了 整合 ， 
为 各 高 校 建立 系统 化 的 人 才 培 养 体系 ,培养 具有 扎实 理论 基础 和 宽广 专业 技能 的 .兼顾 “ 基 
础 ”? 和 “系统 ”的 高 层次 电子 信息 人 才 给 出 了 指引 。 

传统 的 电子 信息 学 科 专 业 课 程 体 系 呈 现 “ 自 底 癌 上 ?的 特点 ,这 种 课程 体系 人 往 重 对 底层 
JU si FF E] 43 Pr 53 Ve , 较 少 涉及 系统 级 的 集成 与 设计 。 近 年 来 ,国内 很 多 高 校对 电子 信息 类 
专业 课程 体系 进行 了 大 力度 的 改革 ,这些 改革 顺应 时 代 潮 流 , 从 系统 集成 的 角度 ,更 加 科学 
合理 地 构建 了 课程 体系 。 

为 了 进一步 提高 普通 高 校 电子 信息 类 专业 教育 与 教学 质量 ,贯彻 落实 《国家 中 长 期 教育 
改革 和 发 展 规划 纲要 (2010 一 2020 年 )》 和 《教育 部 关于 全 面 提 高 高 等 教育 质量 奋 干 意见 》 
( 教 高 【201234 号 ) 的 精神 ,教育 部 高 等 学 校 电子 信息 类 专业 教学 指导 委员 会 开展 了 "高 等 学 
校 电子 信息 类 专业 课程 体系 ”的 立项 研究 工作 ,并 于 2014 年 5 月 启动 了 《高 等 学 校 电 子 信息 
类 专业 系列 教材 (教育 部 高 等 学 校 电 子 信 息 类 专业 教学 指导 委员 会 规划 教材 ) 的 建设 工作 。 
其 目的 是 为 推进 高 等 教育 内 涵 式 发 展 ,提高 教学 水 平 ,满足 高 等 学 校对 电子 信息 类 专业 人 才 
培养 .教学 改革 与 课程 改革 的 需要 。 

本 系列 教材 定位 于 高 等 学 校 电 子 信 息 类 专业 的 专业 课程 ,适用 于 电子 信息 类 的 电子 信 


V || 通信 原理 ( 双语 ) 简明 教程 
ATE .电子 科学 与 技术 .通信 工程 、. 微 电子 科学 与 工程 .光电 信息 科学 与 工程 .信息 工程 及 
其 相近 专业 。 经 过 编审 委员 会 与 众多 高 校 多 次 沟通 ,初步 拟定 分 批 次 (2014 一 2017 年 ) 建 设 
约 100 门 课程 教材 。 本 系列 教材 将 力求 在 保证 基础 的 前 提 下 ,突出 技术 的 先进 性 和 科学 的 
Hi ver TE ,体现 创新 教学 和 工程 实践 教学 ; 将 重视 系统 集成 思想 在 教学 中 的 体现 ,或 励 推 陈 出 
新 ,采用 “日 项 加 下 ”的 方法 编写 教材 ; 将 注重 反映 优秀 的 教学 改革 成 果 , 推 三 优秀 的 教学 经 
验 与 理念 。 

为 了 你 证 本 系列 教材 的 科学 性 、 系统 性 及 编写 质量 ,本 系列 教材 设立 顾问 委员 会 及 编审 
RRR. MHZ R S H AE Z r AU a .特约 局 级 顾问 和 国家 级 教学 名 师 担 任 , 编 审 委 员 会 
由 教育 部 高 等 学 校 电子 信息 类 专业 教学 指导 委员 会 委员 和 一 线 教学 名 师 组 成 。 同 时 ,清华 
大 学 出 版 社 为 本 系列 教材 配置 优秀 的 编辑 团队 ,力求 高 水 准 出 版 。 本 系列 教材 的 建设 ,不 仅 
有 众多 高 校 教师 参与 ,也 有 大 量 知 名 的 电子 信息 类 企业 文 持 。 在 此 ,说 回 参与 本 系列 教材 策 
划 组 织 .编写 与 出 版 的 广大 教师 .企业 代表 及 出 版 人 员 致 以 诚挚 的 感谢 ,并 虑 切 布 望 本 系列 
教材 在 我 国 高 等 学 校 电 子 信息 类 专业 人 才 培 养 与 课程 体系 建设 中 发 挥 切 实 的 作用 。 
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为 加 快 电 子 信 息 类 专业 的 国际 化 进程 , 特 编 写 此 双语 教程 ,希望 既 保 证 专业 诬 程 的 正常 
AS. X Eie SIRI I. fEd f SLE OR AAS ARMAS NA EA 
is E. 7J Ft f SIE DR AC HB SR FP ea dE . FP reg BA HJ n] BE HE ASE HE: 

对 于 大 学 本 科教 学 ,本 书 的 基本 教学 时 数 为 48 学 时 ,同时 也 能 够 满足 64 学 时 的 教学 。 
本 书 在 注重 基本 理论 知识 的 基础 上 ,增加 了 前 后 章节 知识 点 的 联系 和 对 比 , 同 时 增加 了 通信 
领域 新 技术 的 介绍 ,注重 对 专业 术 博 的 解释 及 翻 幸 ,能 够 有 效 地 缩短 学 生 阅 读 原 版 瑞 文 教程 
的 时 间 ,使 掌 生 在 有 限 的 学 习 时 间 里 快速 理解 和 和 泡 握 通信 技术 领域 的 相关 知识 ,并 学 以 
SUH. 

相 比 于 一 般 的 通信 穆 理 教材 ,本 书 在 理论 内 容 基 础 上 ,增加 了 核心 章节 的 实验 。 首 先 通 
过 MATLAB 进行 仿真 ,然后 线 合 实验 箱 平 台 进 行 实际 波形 的 验证 。 附 录 独 斋 了 通信 系统 
中 经 典 调制 系统 和 编码 方式 的 软件 仿 丰 和 硬件 平台 实验 ,能 够 让 学 生 做 到 理论 联系 实际 ,并 
提高 分 析 问 题 和 解决 问题 的 能 力 。 

本 书 在 撰写 和 编辑 过 程 中 得 到 了 学生 陈 梦 昌 、. 史 涛 、 巩 叙 抬 等 的 文 持 ,他 们 负责 完成 了 
不 同 草 节 的 文字 编辑 .图表 制作 等 工作 ,在 此 对 他 们 表示 感谢 。 特 别 感谢 英国 谢 菲 尔 德 大 学 
的 Mohammad Reza Anbiyaei 博士 为 全 书 瑞 文 做 了 细致 的 审 校 工作 。 

本 书 在 撰写 过 程 中 得 到 了 南京 信息 工程 大 学 教材 建设 基金 项 目 、 江 苏 省 品牌 专业 建设 
工程 资助 项 目 \、 江 甸 省 优秀 中 青年 教师 境外 人 研 修 项 目的 资助 ,在 此 表示 特别 感谢 。 

限于 作者 水 平 , 书 中 难免 有 不 足 之 处 , 尽 请 读者 批评 指正 。 


编 者 
2019 年 3 月 


教学 建议 


| 课时 安排 
教学 内 容 学 习 要 点 及 教学 要 求 


了解 通 信 系 统 发 展 史 。 和 擎 握 通信 系统 的 模型 : EAR RR 
拟 通 信 系 统 模型 和 数字 通信 系统 模型 
了 解 并 等 握 通信 系统 的 分 类 
擎 握 衡量 通信 系统 的 指标 及 相应 的 计算 ,重点 掌握 不 同 进 制 
时 , 传 码 率 和 传 信 率 的 计算 及 二 者 的 关系 


擎 握 随 机 过 程 的 两 个 不 同 的 定义 及 数学 表示 ; OF 8. 
和 广义 平稳 随机 过 程 概念 
擎 握 随 机 过 程 的 数字 特征 及 计算 
”了解 高 斯 随机 过 程 及 其 性 质 
第 2 章 人 擎 担 乍 带 随 机 过 程 的 定义 及 幅度 、. 相 位 的 分 布 
随机 过 程 掌握 军 带 随机 过 程 经 过 线性 系统 的 数字 特征 及 功率 谐 密度 
的 变化 
了 解 噪声 特性 ,并 营 握 日 噪声 的 目 相关 函数 和 功率 谱 密 度 的 
特性 
了 解 正 弦 波 加 军 带 噪声 的 幅度 相位 分 布 情况 


了 解 并 掌握 通信 系统 无 线 信道 和 有 线 信 道 的 分 类 
理解 通信 编码 信道 和 调制 信道 的 模型 ,并 掌握 转移 概率 的 定 
第 3 章 义 及 计算 
信道 重点 掌握 信息 量 的 定义 及 计算 ,掌握 连续 信道 容量 即 香农 定 
理 的 公式 及 计算 
理解 多 径 效 应 的 原理 


理解 并 掌握 连续 波 调制 的 各 种 基本 概念 
擎 握 连 续 波 调制 的 一 般 数 学 模型 和 系统 框图 
% fe AM、DSB、SSB、VSB 的 调制 和 解 调 过 程 ,并 能 够 进行 
对 比 

第 4 章 理解 包 络 检 波 和 相干 解 调 的 不 同 及 优 乡 

XE SER 3 ffe Vi] JO RU Val AG EA BE ZN gt B — 6 [8] B] RA 

调制 系统 重点 掌握 罕 市 调频 和 宽 审 调频 的 异同 ,和 擎 担 卡 和 森 公 式 , 并 将 

AM 和 NBFM 进行 对 比 
理解 不 同调 制 系统 的 调制 制度 增益 的 差异 ,并 能 够 分 析 其 
了 解 并 理解 门限 效应 的 定义 及 现象 
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课时 安排 
教学 内 容 学 习 要 点 及 教学 要 求 
全 部 讲授 | 部 分 选 讲 


了 解 脉冲 调制 ,掌握 几 种 基本 的 脉冲 调制 方式 

理解 模拟 信号 数字 化 的 三 个 步 又 

了 解 采样 的 基本 原理 ,掌握 采样 定理 的 内 容 并 会 应 用 

理解 均匀 量化 和 非 均 勺 量化 的 特点 ,掌握 均匀 量化 信 噪 比 的 7 
计算 ,掌握 非 均 匀 量 化 的 A 律 (A-law)13 折线 的 量化 原理 

掌握 PCM 编码 的 原理 及 计算 ,了 解 译 码 的 原理 ,理解 增 量 

调制 和 DPCM 的 原理 
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脉冲 调制 系统 


营 握 数字 基 市 系统 中 四 种 线性 码 : 单 极 性 / 双 极 性 归 等 码 、 
单 极 性 / 双 极 性 不 归 零 码 的 原理 及 功率 谱 密 度 
种 63 车 握 数字 基带 系统 中 的 传输 码 (AMI、HDB。 码 ) 的 编译 码 
数字 基 市 系统 规律 
擎 握 厅 奎 斯 特 第 一 /第 二 准则 的 内 容 及 原理 
了 解 眼 图 的 产生 原理 及 含义 


掌握 数字 频带 传输 系统 中 的 三 类 基本 调制 方式 (ASK/FSK/ 
PSK) 的 调制 解 调 原 理 

T ff ASK/FSK/PSK/DPSK 的 误 码 率 对 比 4 
理解 QAM 调制 的 原理 及 其 星座 图 

理解 OFDM 的 基本 原理 


c Td 


理解 UWB 的 定义 ,了 解 它 的 几 种 调制 方式 ,并 能 够 与 矩形 

脉冲 调制 进行 对 比 

了 解压 缩 感知 的 基本 思想 及 其 与 传统 采样 定理 的 区 别 , 了 解 ~4 2 
压缩 感知 的 发 展 动态 

了 解 MIMO 系统 的 优势 并 熟悉 它 的 应 用 领域 
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拓展 阅读 : 


在 理解 通信 系统 的 第 用 调制 解 调 、 编 码 和 译 码 原理 基础 上 , 完 
成 以 下 仿真 及 实验 箱 验证 实验 : 
实验 。 ASK/FSK 调制 解 调 10 
* AMI/HDB, 编码 和 详 码 
* PCM 编码 和 详 码 过 程 


教学 总 学 时 建议 | 48 


说 明 : (1) 本 书 为 电子 信息 及 相关 专业 “通信 原理 ”双语 课程 的 教材 ,理论 授课 学 时 数 
为 48 一 64 学 时 ,不 同 专业 根据 不 同 的 教学 要 求 和 计划 教学 时 数 可 酌情 对 教材 内 容 进 行 适当 
RE. 

(2) 本 书 理论 授课 学 时 数 中 包含 习题 课 . 课 堂 讨论 .实验 等 必要 的 教学 环节 ， 
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1.1 Basic concepts and models of communication system 


1.1.1 Communication system model 


There are three basic elements to every communication system; transmitter, channel 


and receiver. as depicted in Figure 1. 1. 1. 


Source of Use of 
—mw-| [Transmitter hannel Receiver : : 
Information Channe PERIS Information 


Figure 1.1.1 Elements of a communication system 


Source of Information; speech, music, images and computer data are four important 
sources of information and they may be characterized in terms of the signal that carries the 
information. 

Transmitter; the purpose of the transmitter is to convert the message signal into a 
form suitable for transmission over the channel. 

Channel; the transmitted signal propagates along the channel. In most of the practical 
cases, interfering signals and also noise are added to the channel output. There are various 
kinds of channels, such as twisted-pairs (XX 2 Zé). coaxial cables ( [E] #H E 4%). radio 
waves; optical fibers (光纤 ) and etc. 

Receiver: has the task of operating on the received signal so as to reconstruct a 
recognizable form of the original message signal. 

The purpose of a communication system is to transmit information—bearing signals 
through a communication channel. 

There are two basic modes of communication: Broadcasting (广播 .电视 等 , 即 一 对 多 ) 
and Point-to-point communication (手机 .电话 等 ). 

analog signal speech .music. pictures 


Source of Information) | 
digital signal computer data 


1.1.2 Analog communication model 


The analog waveform is transmitted in the analog communication system. The analog 
communication system model is shown in Figure 1. 1. 2. 

Modulation is defined as a process by which some characteristics of a carrier are varied 
in accordance with a modulating wave. 

Demodulation is the reserve of the modulation process. At the receiving end of the 


system. we usually require the original baseband signal to be recoveried. ‘This is 
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Information 
Destination 


Source of 
Information 


Modulation Channel Demodulation 


Figure 1.1.2 Analog Communication System Model 


accomplished by modulation. 


Baseband signals (JE fri): 


information-bearing signals which are also refered to as 
baseband signals. 

Passband signals (市 通信 号 ): the modulated signals (已 调 信 号 ). 

Two reasons for studying analog communication are; 

(1) As long as we hear and see analog communication around us via radio and 
televisions we need to understand that how these communication systems work. 
Moreover, the study of analog modulation motivates other digital modulation schemes. 

(2) Analog devices and circuits have a natural affinity for operating at very high speed 
and they consume very little power compared to their digital counterparts. Accordingly. 
the implementation of high-speed or very low-power communication systems dictates the 


use of an analog approach. 


1.1.3 Digital communication model 


In digital communication system, the transmitted information is digital signal. Many 
digital communication systems can be summarized in the following model as shown in 


Figure 1. 1. 3. 
User of 
information 


Estimate of 
Message signal message signal 


Source of 
information 


— —— - di 
| : | 
| Source ! Source ! 
| encoder | | decoder | 

| | 
| Source ! Estimate of i 
| | i source  ! 
I code word | I code word | 
| | 
| | " | 

Transmitter ! Channel ! I Channel | Receiver 
l encoder | | decoder | 
| 7 | | ] x | 
i Channel | Estimate of | 
I E er | channel | 
I code wor | code word | 
| | 
I | | | 
I Modulator | | Demodulator 
| ! | | | 
La pyre ees ct peg ge E MEME WESS N 


Received 
signal 


(Waveform 


Figure 1.1.3 Digital Communication system model 
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The source encoder removes redundant information from the message signal and is 
responsible for the efficient use of the channel. Some coding includes the compression, 
A/D conversion and encryption (加 密 ) coding after compression. 

The purpose of the channel coding is to improve the reliability of the signal 
transmission, 

The main purpose of modulation is to make the characteristics of the coded signal 
adaptive to the channel, and let the modulated signal be successfully transmitted over the 
channel. 

Finally. the common time standard between the transmitter and the receiver is 
essential in order to know the exact beginning and ending instants of each symbol in the 
received digital signals. Therefore. there must be a synchronization (同步 ) circuit in the 
receiver, which is used to extract the symbol synchronization information from the 
transmitted signals. Three types of synchronization considered here are as follows: bit 
synchronization (位 E] 2E ). symbol synchronization ( #4 75 [Al 4) and code-word 
synchronization (但 宇 同 步 ). 

Advantages of digital communication: 

(1) High anti-interference ability and a decision-making deceiver at the receiver. 

(2) Each repeater in the line of retransmissions may reshape the distorted signal, so 
the accumulation of waveform distortion along the line can be eliminated. 

(3) Error correcting techniques, such as error-correcting coding (24 #75). can be 
used in digital communication systems. 

(4) The digital encryption can be used. Therefore. the security of the system is 
greatly improved. 

(5) Compared with analog communication equipment, the design and manufacture of 
digital communication equipments are easier, and the volume and the weight of the 


equipments are smaller. 


1.2 The classification of communication systems 


1.2.1 Modulation mode 


According to the difference of carrier wave, the modulations can be classified different 


types, as follows in Figure 1. 2. 1. 


Chapter 1 


AM 


Linear modulation; DSB 


Analog modulation; 


SSB 


Non-linear modulation 


Continuous-wave Modulation 
| ASK 


FSK 
Digital modulation: 


PAM 
Analog pulse modulation | PDM 
PPM 
PCM 
DMCAMD 
DPCM 
ADPCM 


‘Pulse modulation 


Digital pulse modulation 


DSKCDPSK , QPSK) 
QAM, MSK 


Figure 1.2.1 The common modulation methods 


1.2.2 Division of frequency band 


In practical applications, the frequency of electromagnetic waves are classified into 


several frequency bands, which is shown in Table 1. 2. 1. In addition, the frequency band 


1~300GHz is usually called microwave band, and it is divided into several bands again as 


shown in Table 1. 2. 2. 


Table 1.2.1 Modulation methods and applications 


Modulation 
Conventional bilateral band modulation 
AM 
Linear Single sideband modulation( SSB) 
modulation 
Bilateral band modulation C DSB) 


Residual sideband modulation( VSB) 


Continuous 
Wave Nonlinear Frequency modulation (FM) 
modulation modulation 


Amplitude shift keying C ASK) 
Frequency shift keying (FSK) 
Phase shift keying( PSK) 


Digital | 
tento Differential PSK (DPSK) 


modulation 


Other efficient digital modulation; 
Quadrature AM (QAMD 
Quadrature PSK (QPSK) 


Application example 
Broadcasting 


Carrier communication 
Shortwave 

radiotelephone communication 
Stereo radio 

Television broadcasting 

Fax 

Microwave relay 

Satellite communication 
Broadcasting 

Intermediate modulation method 
Data transmission 


Data transmission 


Data transmission 


Digital microwave. 


Space communication 
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Table 1.2.2 Frequency band divisions and applications 


Name Frequency range Applications 


Low frequency CLF) 30 to 300k Hz Navigation,time standards 
Medium frequency ( MF) 300kHz to 3MHz Marine/ aircraft navigation, AM broadcast 


AM broadcasting. mobile radio: amateur 
High frequency C HF) 3 to 30M Hz : 

radio, shortwave broadcasting 

" | Land mobile. FM/TV broadcast. amateur 
Very high frequency VHF) 30 to 300M Hz l 

radio 

Cellular phones, mobile radio, wireless 
LAN. PAN 

Satellite, radar, backhaul, TV, WLAN, 
5G cellular 


Satellite. radar. backhaul, experimental. 


5G cellular 


Ultra high frequency(UHF) 300MHz to 3GHz 


Super high frequency (SHF), millimeter- 
uper hig requency millimeter — 


wave range 
Extremely high frequency C EHF) 30 to 300GHz 


Terahertz, tremendously high frequency 


300GHz to IR R&D, experi tal 
(THF) or far infrared( FIR) 2 to experimenta 


1.3 Information and its measurement 


The purpose of communication is to transfer information included in a message. 
Information is the meaningful or effective content. Can we find a measure of how much 
information is produced by a source information? To answer this question. we note that the 
idea of information is closely related to that of uncertainty or surprise. but it has no 
relation to the importance of the message (与 事件 的 不 确定 性 有 关 , 与 其 重要 程度 无 关 ). 

The characteristics of the information content; 

(1) Information content I contained in a message is a function of the occurrence 
probability PCx,) of the message. i. e. 

f= I PG,) | (1. 3.19 

(2) The smaller the occurrence probability of a message, the larger is the information 
content; and vice versa. 

When Piz.) =i; I=D 
When Pla,) = 0, 一 co 

(3) Suppose the occurrence probabilities of several independent events are respectively 
P(a2,).P(x.).P(a;3).°*+, then the information content contained in the message consisting 
of such independent events will equal the sum of information content of the message of 
each independent event. 1. e. 

TI PG PGs | = PC) | I Pee 3] T» Em 


According to the above three properties. the amount of information can be defined as 


I = log, ——~ =— log,P (x) 
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& 一 2 unit: bit or b (1.3.3) 
Independent equal probability (4 sy | EY) : 


M symbols: I = log, = log, MCb) 


L 
1/M 


When M = 2. Į = logs = log;2 = ](b) (1.3.4) 


N 
1/2 
or M. — FEE 1 2433.1 — 157 —EZ 

Non-equal probability (不 等 概 时 ): 
| E - a. —— LONE | and S PG) =] (13,5) 
Pis Pas J = Pia icd 
and their occurrence probability are independent. 
If an information source x can generate n different messages: {£1 s22 9*9 Ti 
then their information contents are: 1ICxr;J9.ICx2.7 IC; ICm,2). therefore, the 


average information content of the source is defined as; 


H(z) = E[I(z;) ] =— >) P(a,) log, PG) (1.3.5) 
k—1 


Hx) is called as the entropy of the source. which can be regarded as average uncertainty of 
the source. It is a measure of the average information content per source symbol. 

Example 1.3. 1: Assume there are 4 possible weather states; clear. cloudy. rainy and 
foggy. Their occurring probabilities are 1/4,1/8,1/8(Cand 1/2). Try to find the entropy of 
this source. 


Solution: 


4 
H(x)—— >) PGOlog; P(x) 


i=] 
ua E. Ra E Au 3 oe 3 
p^. uq NB 37735 


l 3 3 Y. 3 MCN 
* Ta F^ Tus = 1. 75(bits/state) 


1.4 The main performance index of communication systems 


The basic factors for measuring the merit of a communication system are efficiency 
and reliability C 4 PERI BJ SEE). Efficiency refers to the rate of information transmission 
in the channel. Reliability refers to the accuracy of the transmission in the channel. The 


performance index comparisions between analog system and digital system is in Table 1. 4. 1. 


Table 1.4.1 Main performance index of communication systems 


Performance Effectiveness Reliability 


Analog system Transmission frequency/ B Signal to noise ratio (SNR) 


Digital system P, or P. 
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1. Analog communication system 

Transmission bandwidth: when the message or the signal is transmitted in the 
channel. the lower is the message bandwidth. the better is the efficiency of the 
communication system. 

SNR (signal to noise ratio) usually is the output SNR of the demodulator at the 
receiver. The higher SNR, the better is the reliability of the communication system. 

2. Digital communication systems 

1) Transmission rate 

Symbol rate (R) (fid JC f£ $ 3E 24): the number of symbols transmitted in unit time 
(s), T is symbols duration and the unit is Baud. 

Rs = 示 (Baud) (1.4.1) 

Information rate (R,) (信息 传输 速率 ); the average information content transmitted 
in unit time. the unit is bit/sCb/s). 

For an independent equal probability situation. the relationship between the 


information rate R, and the symbol rate Rs is 


R, = Rg log; M (b/s) (1.4.2) 
Since the occurrence probability are non-equal. the relationship is 
Ki = (ie g Hx) EL 1.2] 


H €x) is the average information content per source symbol. 

2) Error probability 

Error probability is the main specification of measuring reliability of digital 
communication. There are two basic definitions. 

Symbol error probability P.: It is the ratio of the number of received symbols in error 
to the total number of the transmitted symbols, i. e. 


the number of the received symbols in error Bap 
PP 二 (1. 4. 4) 
the total number of the transmitted symbols 


Bit error probability P,: It is the ratio of the number of the received bits in error to the 
total number of the transmitted bits. i. e. 


p, — the number of the received bits in error (1.4.5) 
2 the total number of the transmitted bits rnt 


For the binary signals. 


oummary and discussion 


First. the basic concepts of communication systems are introduced. Then. two main 
communication models— analog communication and digital communication models are 
given. Compared with analog communication. digital communication has more 


superiorities and it is applied widely in nowadays. While. analogue communication is the 
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basis. which will be introduced in greater details in Chapter 4. There are lots of 
connections and comparisons between these two communication systems. 

According to the different waveforms of the carrier wave, the communication systems 
are classified in Figure. 1. 2. 1 which are very important for the entire course. 

The definition of the information content is given, and how to calculate it including 
the entropy of the source should be mastered. which are very helpful in understanding the 
measurement of the amount of information. Remember. the importance of mathematics in 
the whole communication systems. 

At the end of this chapter, the main performance indices of analogue & digital 
communication systems are given, especially in Table 1. 4. 1. The definitions and 
relationship of R, & R&(P, & P should be understood. 

This chapter is the basis of communication systems. Try to understand it from mind 


mapping and have an overview of each chapter from the catalogue. 


Homework 


1.1 An information source consists of A. B. C and D. These symbols are 
represented by codewords 00. 01. 10 and 11. If each binary symbol is transmitted by the 
pulse with 5ms, then find the average information rates respectively under the following 
conditions; 

(1) The four symbols have equal probability of occurrenceCequal probability). 

(2) The four symbols have the following probabilities of occurrence. 


Py =, P = —. Pe = +, Po = > 


1.2 Assume a signal source produces 4-ary signals with equal probability. and the 
width of symbol is 125ps. Find its symbol rate and information rate. 

1.3 Assume the information rate is 2400b/s of a 4-ary digital transmission system 
(equal probability). During half an hour, the number of the received symbols in error is 


216. Try to find the symbol error probability P.. 


Vocabulary 

analog 模拟 digital 数字 的 
anti-interference Hi FÈ demodulation 解 调 
binary 二 进 制 demodulator ft ys as 
channel 信道 duration 持续 时 间 
compression 压缩 electromagnetic 电磁 的 


conversion tE d encryption IEA 
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index 指标 receiver 接收 机 
merit 优点 respectively 分 别 地 
microwave 微波 redundant TTR AY 
modulation 调制 specification ALG, 


occurrence A^ transmitter 发 射 机 


Random processes 
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In communication systems. signal and noise are usually random. which are called 
random signals, Their transmission may be regarded as a random process. Multipath 
channel and thermal noise are examples of random process. This chapter presents an 
introductory of stationary random processes. In particular. it discusses the following issues; 

* The basic concepts of random processes. 

* The description of a random process in terms of its mean, correlation and 

covariance functions. 

e Stationary random process and its characteristics. including the ergodicity (4 ii 

Ji VE) auto-correlation function C H tH eh BL) and power spectral density (JJ XE jS 
密度 ). 

* What happens to a stationary process when it is transmitted through a liner time- 

invariant filter? 

* Narrow band random process and its two representations: 

In-phase and Quadrature Components ( 同 相 分 量 和 正 交 分 量 ) 
Envelope and Phase components (幅度 和 相位 ) 
* Gaussian process and Gaussian white noise. 


e Rayleigh and Rice distributions (a Al 3 4} dg). 


2.1 Basic concepts of random processes (Definition of 
random processes) 


A mathematical model is widely used to describe a physical phenomenon in physical 
science and engineering. There are two classes of mathematical models: deterministic and 
stochastic (random). 

Deterministic signals; The values of the deterministic signals can generally be 
calculated from a mathematical equation. 

Stochastic signals; The values of random signals at any time can not be accurately 


calculated from a mathematical equation. 
2.1.1 Definition 


Two properties of random process; 

(1) They are functions of time £; 

(2) Its value observed at an arbitrary instant is a random variable. 

The totality of sample points s; «52 »*** «5, corresponding to the aggregate of all possible 
outcomes of the experiments is called the sample spaces S. as shown in Figure 2. 1. 1. 
There are two definitions of a random process. 

Definition 1: The sample space or the ensemble composed of sample functions is called a 
random process X(t). 


Random variable (BH JL2F Œ) X (75): From Figure 2. 1. 1. we note that for a fixed time 
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Sample 
space 
5 


Outcome of the 
first trial of 
the experiment 


Outcome of the 
second trial of 
the experiment 


Outcome of the 
nth trial of 
the experiment 


d 
i 


Figure 2. 1.1 An ensemble of a sample function 


t, inside the observation interval, the set of numbers (axi (te ) «x2 (ti ) +*** ^x, (£; ) 3 constitutes 
a random variable X(t, ). 

Definition2: An indexed ensemble (family) of random variable X(t) is called a random 
process. 

Distinguish between X(¢#,) and X(t): 

For a random variable. the outcome of a random experiment is mapped into a number. 

For a random process. the outcome of a random experiment is mapped into a 


waveform that is a function of time. 
2.1.2 Numerical characteristics of a random process 


Under most conditions. the probability distribution of a random process is very 
difficult to determine by experimental method. 

Mean. variance and correlation function can partially describe the statistical 
characteristics of a random process . which are often used in the research of communication 
systems. Their definitions and basic properties are described respectively as follows: 

1. Mean (mathematic expectation: Z1 5 H8 Eu (7) 


The statistical mean of a random process X(t) is defined by 
u,(t)= ELX@]= | Ozf.GesDdr ALD 


where f,Cr.£) is the first-order probability density function (pdf) of the process. 
2. Variance 
Define the variance of a random process X(t) as; 
EG — Diet) | — El iy ana PF} 和 
It can describe the deviation at the instant ¢ from its mathematical expectation. 
3. Correlation function HAX AOR (t, .£; ) and covariance function ( 协 方差 函数 ) B ( t, -t, ) 


Auto-correlation function: 
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一 | | maf wma dax deidry £2, 13) 


where f(x; +223 ti +f) is a 2-dimensioned joint probability density function( 二 维 联合 概率 
Covariance function (HJT Æ ARI) : 
B, st) = E{LX (21) — px GO JLX (tz) — ux G2) J} 


-一 | | L GG — gx GO JL) 一 ux (to) | f Ga » x2; ty st dxi daz (2. 1. 4) 


The relationship between R (tı .£; ) and B (ti ,ts ) is 
BCt TE ) 一 一 RG, six) — ut )u ts ) (2. hs 5) 
R (t; «t; ) and B (tı zz) express the correlation degree of two random values obtained 


by sampling one random process at two instants. 


For two random processes X(t) Y(t), the corresponding R (1, >t; ) and B (t; .t; ) are: 
Cross-correlation function (E: JH XK PR ZO) 
Ry (G4 455) = ELXGUOY(O: | (2. 1,6) 
Cross covariance function (E. B) Jy Æ ARO 
Bxy (i 4t) = ELX (t1) — ux Gi) ]LY G2) — py (ta) J (2. 1. 7) 


2.2 Stationary Random Process 


Stationary Random Process is a widely used process. which plays an important role in 


communication systems. 
2.2.1 Definition 


Definition 1: Stationary in the strict-sense ( 严 平 稳 ) 

If the statistic characteristic of a random process is independent of the time origin, 
then the random process is called a stationary process in its strict meaning or a strict 
stationary random. Its mathematical definition is: 

ee $e sedie en dis c cma Lan d sms Ld. MAUS 

The (1-dimensional distribution function) is independent of time £: 

Js uy — FG) (2. 2. 2) 

The (2-dimensional distribution function) is related only to the time interval c 
between 71 and t 

FUE, sts fad) = fm ys T) (2.2.3 
Definition 2: Stationary in wide-sense (广义 平稳 ) 
Consider a strictly stationary random process X (t). The mean of the process X (t) is 
welt) — ELXG — | xf Go dx = ux» for all£ NOS 
f (x) 1s independent of time f. 


The mean of a strictly stationary process is a constant. 
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The autocorrelation function of the process X(t) is written as; 


EK. ee El X(t X(t) | — | | | Tita f (x 9X03 £1 ole da, dr, 


一 上 —oo 


= | l | wv (xi s223 T)dx,dzz = R,(r) EATI. 


The autocorrelation of a strictly stationary process depends only on the time difference 


t(t=te—ft; ). 


NEU 
RA f st | mo KR. x T — Rr) 


The class of random process that satisfy the above equations are called wide-sense 


pen = wx = constant 


stationary random process. 
The relationship between strict-sense stationary and wide-sense stationary is 


vi 


strict-sense stationary «——-wide-sense stationary 
X 


A wide-sense random process is not necessarily strictly stationary. 
In communication system theory. it is often regarded as that random signal and noise 


are wide-sense stationary random processes. 


2.2.2  Ergodicity 


In practice, it is impossible to calculate the statistical mean or autocorrelation for all 
realizations of the random processes. However. if a random process has ergodicity. then 
its statistic mean is equal to its time average. Hence, the statistical mean may be replaced 
by the time average of an arbitrary realization of an ergodic process. 

Consider the sample function of a stationary process X (t), with the observation 


interval defined as — T: T. The time average and time auto-correlation are defined as; 


T 
ux CD) = lim T MET 


To 
m E eT 
R,Cr. T) = lim A. | " zDxG-4- od 
To 了 E 
If the following two conditions are satisfied: 
limux CT) = ux 
ina (22.8) 


mR tr) =K r) 


T-co 
The process is called ergodic. According to this property: it is not necessary to make 
infinite observations, but it is only necessary to make one observation, and use time 
average instead of statistic mean, then the calculation can be reduced tremendously. 
If a random process has ergodicity. then it must be a strict stationary random process. 
However. a strict stationary random process is not always ergodic. 


J 


ergodic random process strict stationary random process 
X, 
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In practice, when we analyze the stationary state of most communication systems, it 
is always assumed that means and autocorrelation functions of the signal and noise are all 
ergodic. 
Example 2. 2. 1: Consider a sinusoidal signal with random phase. defined by 
X(t) = Acos(2mn f.t + 0) [5 2d) 
where A and f, are constant and 0 is a random variable that is uniformly distributed over 


the interval | —^-.-]. that is 


x X E. g = T | | 
ma (2. 2. 10) 
0, elsewhere 


Discuss whether X(t) is ergodicity. 
Answer: 
(1) The statistic average is 
ali) ELX) | 
| 40 


2x. 


"2x 
— | Acos(C2m f.t 4- 0) * 
A 2T 
= r | (cosm.t£cosÜ 一 sinw,tsin@) dé 
0 


Ar 2n 
= 一 | coset | cosd — sinw,t | sinód? | 
ria 0 0 


= 0 
Autocorrelation function is 
RG, .n)-— El rinil) | 
= E| Acoslw.tı +0) * Acos(w.ts +4) | 


2 
= TE (cos. (t2 —t1) + cos| eG +t1) + 20]j 


2 


2 [2x 
= A cose, (1, =F A | cosLw. (ta +t) +20] + = 


5 V 


A? 
= 75 Cos. (I; HE ti) +0 
2 
— [D Rc 
Hence.cr(t) is a wide-sense stationary process. 


The autocorrelation function is plotted in Figure 2. 2. 1. 


Figure 2. 2. 1 Autocorrelation function of a sine wave with random phase 
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(2) The time average is 


T 
px T) = lim Us | |, Acos(wet + Dt = 0 = uy (t) 
2 


Acos(w,t + 0) * Acos| w. Cr + c) + 0 Jdt 


T 
2 


Rx. T) = lim A 


T 
2 


cosw,.tdt + | 


| 
| 
em 
= 
SEs 
=, 
LÓ—— 


~ cos 2o.t + wer + 20) di | 


T 
2 


since px G) — ux CI. Rx CO — Rx. IT) .s0 X(t) is an ergodic process. 
2.2.3 Autocorrelation function of stationary random processes 


Let X(t) be a stationary random process, we redefine the autocorrelation function of 
X(t) as 
Rx = ELXG@+0X@] (for all £) 
This autocorrelation function has five important properties: 
(D ROO) =ELX?* (4) |= Px -The average power of X(t) 
(2) RC =RC— 2) An even function of c 
(3) | RC | &R(CO) 
According to 
ELX’ Xa+) [0 
We can get 
EL X^ CO -- X*G4- 0 -2XGOQD XG4-0]z0 
2R(0) + 2R(r) = 0 
(RC) |< RO) 


And R(t) has its maximum magnitude at c— 0. 


(4) RCO) = E'[ XC ] 94 The power of the D. C. component (直流 功率 ) 
lim Rr) = limEL X G 十 rz)XC) | 
= ELXODO JELX G 4- 0) | 
=F AXU l 
Therefore, when r>, X(t) and X(t+r) are statistically independent of each other. 
(5) RCO) —R(co) =o A.C. power (交流 功率 ) 


When px =0,R(co) = E'L X(t) ]—0, the result is RCO) — 0X. 
2.2.4 Power Spectral Density 


Let us discuss the power spectral density (PSD) Px (f) of a stationary random 
process X(t). We know that the PSD of a deterministic power signal X (t) may be 


expressed as; 


ee 2 
PCf) = lim 1$: 0T (2.2.1) 
Too 
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Sr(f) is the frequency spectrum function of the truncated function CE Ai PABLO) of S(f) 
(see in Figure 2. 2. 2). 


Figure 2.2.2 Truncated function 


Similarly, the PSD of a random process can be expressed or defined by equation 
C2. 2. 10). 

Let the PSD of a stationary random process X(t) be Px Cf). the truncated function of 
a realization of X(t) and X71 (22. and the Fourier transform of X41 (£2) be Sr (f). then 
we have 
E|Sr(f) |’ 

T 


This is the expression of the PSD of a stationary random process. 


Px(f) =E K] = lim BARA VA. 
T— oo 

The power spectral density Px (f)and the autocorrelation function Rx (r) of a 

stationary process X(t) form a Fourier-transform pair with r and f as the variables of 


interest, as shown by the pair of relations 


PxCf) = | Rx GOexpC— jan fr) dc REN IN 


Rx = | Px C exp(GZn fv)df Ce, ee aD 


Equations (2. 2. 12) and (2. 2. 13) constitute the Einstein-Wiener-Khintchine relations. 
The relations show that if either Rx (rt) or Px (f£) of a random process is known, the other 
can be found exactly. 


Using this pair of relations, we can derive some general properties; 


(1) The total power of a stationary process is: R(O) = | Pdf. 


(2) PAi Sh for all f —Px(f) is always nonnegative. 
(3) Px(—fpD=Px(fp —Px( f) is an even function (4B ARO. 
Example 2.2. 2: Find the autocorrelation and the PSD of sinusoidal wave with random 
phase 
X(1) = Acos(2xf.r+ 0) 
Answer; 


From example 2. 2. 1, we have calculated the autocorrelation function 


2 2 
Rx) = P cos (2x fet) = E cos lwt) 


Taking the Fourier transform of both sides of the relation defining Rx (22. we find 


that PSD of the sinusoidal process X(t) is 
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H 


PG = A [af — f) 4. 86e 


2 
Pete) = Sw — w) +é(wtw,) | 


; : À ; ; A’ = 
which consists of a pair of 6 function weighed by the factor ri and located at + fe. The 


average power Is; 


2 2 
2 cos(w. * 0) = 一 


S = RO) = 


2.3 Gaussian process 


In this section. we consider an important random process known as Gaussian process. 

1. Definition of the Gaussian process 

The Gaussian Process is also called normal random process. The thermal noise in 
communication systems is usually a Gaussian process. 

The one dimensional probability density function of the Gaussian process X(t) obeys 


the normal distribution. It can be expressed as: 


f(x) = . exp[- zs ean 


AT 
The definition of the Gaussian process X(7) with the joint probability density function 
(OD a TES 25 BE PRO. of n dimension satisfies the following condition: 
[NE (quw s Éj ahaa 下 ) m 
l —]1N^N zm aa | 
———— evita dad |B|; (re. a] (2.3.2) 
(2x)? ô ô", B | z AB rur rur UM GM Ô; 


where a, is the mathematical expectation (statistical mean) of z,. ô, is the standard 


deviation of x, and |B| is the determinant of the normalized covariance matrix: 
l Diz iii Din 

b21 l udi o 

Be | 


b, Ono an ] 
|B| is the algebraic cofactor (代数 余子 式 ) of the element bx in the determinant 
| B | ; by is the normalized covariance function , i. e. 


€ E[|G; —a;)(a, —a,) | ] 
OjO} 
This probability density is decided only by each mathematical expectation, standard 
deviation and normalized covariance of the random variable, so it is a wide-sense stationary 
random process. 


N-dimensional joint probability density function can also be defined in matrix form as 
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exp|— za —h)'Z (x—p | 


f, Cri (xata s E ae Jj — a 1 
(2x)? |B|? 
where the superscript (上 标 ) T denotes transposition (4% ÉL) and 


f= mean vector = [4 2 E man sl 
b. = Lease an 


> = covariance matrix = {C,(t, -tD F 
k.t — 14,25*** 494 


E (no65) S EI Aer m6 Ae) —n ts 
E ^ = inverse of covariance matrix 
B — determinant of covariance matrix 

2. Some useful properties of Gaussian process 

If a Gaussian process is stationary: then process is also strict-sense stationary. 


J 


wide-sense stationary > strict-sense stationary 


Gaussian «/ 


If x, ,zi… A, are uncorrelated, that is 
EI XG,) — px IG) ILXG;) ~ HX (t;) |} = Í, 
Then, equation(2. 3. 2) is reduced to 


n "TN 2 
|| exp[— 一 = fGist)f sto fUr) 
=1 


20; 


The above equation shows that these random variables are statistically independent 


(统计 独立 ). 


Two uncorrelated random variables are not always independent of each other, and the 


iF~k or by =0 


fs in »X25* ya} £512 577.14) = 
k 


two independent random variables are certainly uncorrelated. 


X 
uncorrelated === independent 
Yi 


Gaussian-/ 
uncorrelated z——— independent 
~ 


3. Gaussian random variable 
The probability density of random distribution curve is shown in Figure 2. 3. 1 and 


this distribution has the following properties. 


O a x 


Figure 2.3.1 Probability density curve of Gaussian distribution 


(1) f(a) is symmetrical to the straight line z=a, f(atar)= f(a— x). 


voo 


3 "oo 
f(adz=1 and | Said = | f (oda = T 


(2) | 


(3) if a=0. o=1.then the distribution is called the standardized normal distribution. 
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"EE SEC AE 
fla) = 二 exp| > | 


The normal distribution function can be expressed as: 


er x 3 1 (z— a) c» 
rc f. Laaf Z2" Jae = a 
(z) m exp| 75 | 3 


where ®(x) is called the probability integral function, its definition is 


1 i z” 
exp|— | de 
age dee : 
This integral is difficult to calculate. Approximation of the integral for different 


values of x can usually be found by lookup-table method. 


D(x) = 


The following function describes the definition of error: 
B qe. 
erf(x) = — | e” dz 
Jadi 
Table-lookup method ( 查 表 方 法 ) is also usually used to obtain the error function erf(zx). 
The complementary error function can be approximated as 


e 


o Y% l E 
erfc(x) = e 
xm 


When we discuss anti-noise performance of communication system later, the above 
error function erf(x) and complementary error function erfc(x)are often used. The table 


of error function is given in Appendix C. 


2.4 Transmission of a random process through a Linear 
Time-Invariant CLTD filter 


Suppose that a random process X(t) is applied as input to a Linear Time-Invariant 
(LTI: 线性 时 不 变 )filter with impulse response h(t), producing a new random process 
Y(t) at the filter output. The linear system sketch is drawed in Figure 2. 4. 1. 


A0 | pr LO, 
hit) 


Figure 2.4.1 Linear system 
The output random process Y(t) can be written as 
YU) = | hír) X (t—r)dr (D 
0 
The transmission of a process through a linear time-invariant filter is governed by the 
convolution. 
Assume X(t) is a stationary random process, let us analyze the statistic characteristics of the 
output random process Y (t). First, we find the numerical characteristics and PSD of the 


output Y(t), and then we discuss its probability distribution. 
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1. Mathematical expectation ELY (t) | 
The mean of Y(t) is 
D= E| Y) | 


z BE[| koxa- ode] 


— | h(E| X(t — 0») |dr (2.4. 2) 


Since the input random process X(t) is stationary, So the mean px (c) is a constant sex 


and the equation(2. 4. 2) may be simplified as follows: 


lty = Hy | hdc 


= ux * H0) 
where H (0)is the zero-frequency (DC) response of the system. 
We have 
El Y OD | = uy * HO) = constant 
2. Autocorrelation function Ry (t; sti FT) of Y(t) 
According to the definition of the autocorrelation function, we have 


Ry, €t, TE F T) — El Y(t JY Ct E r) | 


= E[| AGW) XC —u)du | ROX aq — v) dv | 


_ | I 5-23) dade 


The input X(t) is a stationary random process: 
ELX@, —wW X(t +r—v) |] = Rxlr+u— v) 
then 


RyGi t t 0) = | | | hGDOACGOELXOGO, — AK 二 tov) |dudv = Ry Cc) 


Y(t) is only related to the time interval r, and is independent of the time £4, 

On combining this result with that involving the mean py. we see that if the input to a 
LTI filter is a stationary process. then the output is also a stationary process. 

3. Power spectral density P, Cf) of Y(t) 


The R(t) and P(f) of a random process are a Fourier transform pair. so 


PyCf)— | Ry Co) e “dr 


— | i dz | | l du | — hGOh GORy (t+ u 一 vie“ dv 


Let r =r+u-—v, by substituting it into the above equation, we have 


* eoo 


PyCf)— | j h(u)e du | i hive dv | 


| — 0I 


| WE T m M. 
Rx Cc Je dc 


—CXD 


= H'(ODHCCOPxyC(O = |HP |? PxCD 
The result shows that the PSD of Y(t) is equal to the PSD of X(t) multiplied by 
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|H(f)|*. Both input-output time-domain and frequency-domain changes are clearly 


shown in Figure 2. 4. 2. 


Figure 2.4.2 The input-output relation of an LTI system in time-domain and frequency-domain 


4. Probability distribution of Y (1) 

If the input is a random Gaussian process. then the output is also a random Gaussian 
process (ÙN R Z VE 2s 25 fa A iE Fe E reg Sr HP A OY dg Ha ERE d. Ze re THO. 

This principle is based on the following limit of a summation: 


Yt) = lim >) XG — ri hr; ) Az; 
ELM 


T= co 
X(t) is a Gaussian process, therefore each term X(t—r,)h(t,) Ar; is a normal random 
variable at an arbitrary instant. The summation of infinite normal random variables is also 
a normal random variable. Therefore, the output random process is also a normal random 


process. The difference between input and output random is the numerical characteristics. 


2.5 Narrowband random process 


In communication systems, signals and noises are often limited to the narrow band, 
especially the noise. Suppose the bandwidth of the random process is Af, and the central 
frequency is fe. 

If Af — f. and f.>>0.then the random process is a narrowband random process ( 7 t pë 
机 过 程 ), as shown in Figure 2. 5. 1. 


SB fe fB 0 f-B 大 ftB 


Figure 2.5.1 PSD of a narrow band process 


The waveform of a narrowband process looks like a sinusoidal wave with slowly 
varying envelop and phase, as shown in Figure 2.5.2. It can be expressed as: 

X(t) = a,(@)cosLat+¢,@)], a) 20 (2. Seal) 
where a,(¢) and c, (£) are random envelope and random phase of X(t). Obviously, the 
variation of a, (2) and o, G) is slower than the variation of the carrier coso.t. 

This equation is defined in terms of two components called envelope and phase. 


From equation(2. 5. 1). we can deduce another mathematical representation, which is 


24 «|| 通信 原理 ( 双语 ) 简明 教程 


Figure 2.5.2 Waveform of a narrowband process 


called in-phase and quadrature components. 
X(t) = X.cose.t — X,(t) sinet (3: 5,2) 
where X,(t) =a,(t)cosg,(t) (in-phase components) 
X(t) =a, (t)sing,(t) (quadrature components) 

From these two representatives, the statistic characteristics of X (t) can be 
determined by the statistic characteristic of a, (t) and @,(t) or X, G2) and X, (t). If the 
statistic characteristics are known, the statistic characteristics of a, (1) and ø, G2 0r X. (t) 
and X,(t) are also determined. 

Suppose X(t) is a stationary narrow band Gaussian random process with 0 mean and 
0^ variance. Now, let us discuss the statistic characteristics of X.(t) and X.(t), and then 
find the statistic characteristics of a, (2) and c, C7). 

1. Important properties of the in-phase and quadrature components 


The schemes in Figure 2. 5. 3 may be viewed as narrowband noise analyzer and synthesizer. 


Low-pass 
filter 


AS) EN M 


Figure 2. 5. 3 The analyzer and synthesizer of a narrowband process 


Low-pass 
filter 


—2sin2m fol 


Consider a narrowband process X(t) of bandwidth 2B. each of the two ideal low-pass 
filter Cfi lE UE) has a bandwidth equal to B. 

The X.(1) and X,(t) have some important properties. 

(1) The in-phase component X,(¢) and quadrature component X,(¢) have 0 mean and 
ô variance, that are the same as a narrowband process X (£20. X. (1), X, (2). are also 


narrowband Gaussian random processes. 
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(2) X.(t) and X,G) are uncorrelated and independent at an arbitrary same instant. 
| Or X.(t) and X (Ci) at the same instant are uncorrelated and statistically independent. | 
(3) Both the in-phase components X.(t) and quadrature X,(t) have the same power 
spectral density (PSD). which is related to the PSD Px Cf) of the narrowband process 
X(t) as 
PF — £2 HEP thes -BSTS 
Py Pf) = Px p = (2, 5.3) 
DT otherwise 
2. Statistic characteristics of a, (t) and @, (1) 
Note that X, and X, are independent Gaussian random variables with mean zero and 
variance 0°, so we may express their joint probability density function by 


2 2° 
2 - 


O Fed Pfad — co mnl — z | 
yix. m3 FUA DN E 2X | (2. 5.4) 


Therefore, the joint probability density function f(a,.9,) can be expressed as: 
Aran) 


(a. J ae p EM aD E (2. TR 5) 
f Cas «€. p uir: cms 
l Le “a, COSO, 
According to | "E 
i, — d, 8I. 
dr. dr, 
9x, x.) Ja, daz COSQ, sing, 
— I = = = a, 
I (az sx) Ua. Xx. —a,siIng, 4,COSQ, 
IQ, IQ, 
(ars) = a,f esx) = — ex | 一 
f ka. 9 Ti j 2,5: €XP 


— fz ex E 
2n) PU 26? 


This probability density function is independent of the phase g, which means that a, 
and o, are statistically independent. The mathematics expression is as following: 
faz5Q,) = flar) * fie) 


ce 


fla? = | faas Pa) doa = ts exp|— 2 a, = 0 


and 
fio) = | fa, :Q,)da, = 去 
or 
— di.» d. J l 
Conclusion; 


The probability density of the envelope of a narrowband process obeys the 
Rayleigh distribution (Fig fr 18). and the probability density of the phase distribution 


obeys uniform distribution (13 5] 4r fg). For one dimensional distribution. a, (£) and 


€x (£) are statistically independent. 
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2.6 Sine wave plus narrowband Gaussian noise 


In many digital and analog modulation systems, the transmission signals and 
sinusoidal waves are as the modulated signals. When the signals pass through the channel. 
the noise and interference will be added to the signal. 

In order to reduce the noise, a band-pass filter is usually adopted before the 
demodulator. The output of the band-pass filter is sine wave plus narrowband noise. 

The mixed signal can be expressed by 

r(t) = Acos(Zm f.t) +n) (2. 6. 1) 
where n(t)=n.(t)cosw.t— n, Ct? sino,tf. We assume that n(t) is Gaussian with zero mean 
and variance g”. 
A and f, are both constants. @ is a random phase. in (0.2m). it obeys the 
uniform distribution 
r(t)= LAcos0 + n. GO) ]cose.t — LAsind + n, (t) Jsinw.t 
= Z.(t)cose.t — Z, (D) sinet 
= Z(Dcos| w.t + eG) | (2. 6.2) 
where Z.(t) — Acos0-- n. (t); Z(t) =Asiné+n, Ct). 

Here, we neglect the calculation of probability density of z(t) and g(t) and only give 
the results. 

fla — Sexp[— 5a F0] (4). z 0 (2; 6:3) 
0. On On 
This relation is called the Rician distribution (3€ Bp 7r fg). The envelope and phase 


distributions are shown in Figure 2. 6. 1 and Figure 2. 6. 2. 


fy (v) 


Figure 2.6.1 Normalized Rician distribution 


Let mi 4-2. and f(v) =of(z).we obtain the normalized form: 
| (^ x da -— | ! 
TELS = vexp[— sh (av) (2. 6. 4) 


where I, (x) is the modified function of the first kind of zero order (E Bi iE Wl Æ R PR BD). 
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p(t) 


-135 -90 -45 0 45 90 135 180 Ọ 


Figure 2.6.2 The distribution of ø(t) 


Discussion: 


j2 
(1) When the signal is week (A—0). then the ratio v — 0, —],Cx)-—0, the 
o 
Rician distribution reduces to the Rayleigh distribution. The phase distribution is uniform 


distribution. 


2 


7 is strong/big. the envelope distribution is 


(2) When the signal to noise ratio v= 


approximately Gaussian. 


2./ Gaussian white noise and band pass white noise 


Noise can be classified into impulse noise. narrow band noise and fluctuation noise. 
When the influence of noise on communication systems is discussed. the influence of the 
fluctuation noise, especially thermal noise should be mainly considered. Thermal noise is 
usually called the white noise. because its frequency spectrum is uniformly distributed. 
which is similar to the spectrum of white light in the frequency range of the visible light. 

1. White noise 


If the PSD of noise is a constant, then the noise is called white noise n (t). 


PCf) = 23 —co< f<+co(W/Hz) (Double sideband) 
PC) =m O< f<4+ @CW/Hz) (Single sideband) 


where 7o is a constant. The PSD and auto-correlation distributions are shown in Figure 2. 7. 1. 
They are Fourier transform pair. 
2. Low-pass white noise 
The sketch of white noise passing the low-pass filter is shown in Figure 2. 7. 2. 
If the input is white noise, the output of low-pass filter is called low-pass noise, and 
its corresponding PSD is 
Pais fo" 


D others 


FB 
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P(f) R(t) 


Ny. 
— d(T 
2 (T) 


Fourier transform 


=- 


O 
(a)Power spectral density (b) Autocorrelation function 


Figure 2.7.1 Characteristics of the white noise 


PaCf ) Parl ) 


Figure 2.7.2 Low-pass filter 
and the autocorrelation function is: 
- sin27B 
RQ) =a p m 


2n Br 
Their curves are drew in Figure 2. 7. 3. 


Pr f)| Mo 


Fourier transform 


—B 0 b 7 


l 
2B 2B 
(b) Autocorrelation function 


0 


2B B 

(a) Power spectral density 
Figure 2.7.3 Characteristics of low-pass filtered white noise 

3. Band-pass white noise 

The sketch of white noise passing the band-pass filter is shown in Figure 2. 7. 4. 


Pal f) Pa) 


Figure 2. 7. 4 Band-pass filter 


The transmission characteristic of H(f ) is 


Li -一 一 所 x f. += 
0, otherwise 
where f. is the carrier wave frequency: B is the bandwidth. 
The PSD of white noise after passing through the BPF is 


No 


B B 
BG 2" fa UL 


0, otherwise 
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and the autocorrelation function is 


EG) = | P. (fie df = mB SON cies 
ee M x Dc 


when B< fe. and f,.>0 
This bandwidth of the white noise is also called the narrowband Gaussian white noise. 


Its corresponding PSD and autocorrelation curves are in Figure 2. 7. 5. 


0.5 


0.4 


0.3 
0.2 
0.1 
Ü 
-0.1 
f EE 
(a) Power spectral density. (b) Autocorrelation function. 


Figure 2.7.5 Characteristics of the band-pass filtered white noise 


oummary and discussion 


Both signal and noise in communication systems can be regarded as random processes 
varying with time, especially the stationary and ergodic processes. 

The random processes have the characteristics of the random variables and functions 
of time, which can be described from two different and correlative aspects: 

(1) The sample space or the ensemble composed of sample functions; 

(2) An indexed ensemble (family) of random variables. 

The characteristics of random signals can be expressed by probability distribution and 
probability density functions. If the statistic characteristic of a random process is 
independent of the time origin, then the random process is called a strict-sense stationary 
( 严 平 稳 ) random process; Another important concise method for the partial description of 
random signals is the numerical characteristics. If the statistic characteristics of a random 
process is independent of the time origin, then the random process is called a wide-sense 
stationary (广义 平稳 ) random process. Two ensemble-average parameters should satisfy 
the following conditions: 

(1) Mean is independent of time; 

(2) Autocorrelation function depends only on the time difference. 

If the statistical mean of a random process is equal to its time average, then the 
random process has ergodicity. The statistical mean may be replaced by the time average of 


an arbitrary realization of the ergodic process. 
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Another important parameter of a random process is the power spectral density 
(PSD). The autocorrelation function and the PSD constitute a Fourier-transform pair. 
Autocorrelation function and PSD are two important numerical characteristics to describe 
the stationary random processes. 

If the input to an LTI filter is a stationary process. then the output is also a stationary 
process. The relationship is as following: 

ELY OD ] = py * HCO) = constant 
Py(f) = |HP |? Px C) 

The thermal noise in communication systems is generally a Gaussian process, which is 
also called the normal random process. Its numerical characteristics can completely 
describe this process. The one dimensional probability density function only is determined 
by the mean and variance. The two dimensional probability density function is mainly 
determined by the autocorrelation function. The Gaussian process after passing through a 
linear system remains a Gaussian process. 

The statistical characteristics of narrowband random process are usually used to 
analyze the modulated system, pass band system or wireless multi-path channel. 
According to the definition and two representations of the narrowband signal, the envelope 
and phase distribution of narrow band noise and sinusoidal wave plus narrow band 
Gaussian process can be derived. 

There are three kinds of stationary random processes which often exist in 
communication systems: 

(1) Gaussian process represented by the thermal noise. which is also called white 
noise, When Gaussian white noise is passed through low-pass or band-pass filter. the low- 
pass Gaussian white noise or band-pass Gaussian white noise is generated. respectively. 
Their autocorrelation and PSD should be remembered. which will be used in the following 
chapter. 

(2) Rayleigh distribution process represented by the envelope of narrow band noise. 

(3) Rician distribution process represented by the envelope of sinusoidal wave plus 


narrow band Gaussian process. 


Homework 


2.] A random telegraph signal X(t). characterized by the autocorrelation function 
RyG) = exp(— 2v | r |) 
where v is a constant. is applied to the low-pass RC filter of the following Figure 2. 1. 
Determine the PSD of the random process at the filter output. 
2.2 Let X, and X; be statistically independent Gaussian-distributed random variables, 


each with zero mean and variance 6°. Define the Gaussian process 
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Y(t) = X; cosa t) — X, sinCogt) 
(1) Find E[ YG) I.E [YG] 
(2) The probability density function of Y(t). 


(3) RG, st2). 
R 
Input d | Output 


Figure 2.1" 


2.3 If a Gaussian white noise passes through the filter shown in Fig. 2. 1. Its mean 


is 0 and the double-side PSD is »,/2. Find the PSD and autocorrelation of the output 


* dir E SK LT SSOCES RHIA JE SX SR f BS b E EA 


noise, 
Vocabulary 
algebraic 代数 Fourier transform ABR FH IF zn fh 
arbitrary 任意 的 integral 积分 
cofactor 余子 式 interference ER 
complementary AD EH matrix AB PEF 
correlation 相关 multipath 多 路 径 的 
covariance 协 方差 nonnegative dE ffi 
convolution 卷 积 phase 相位 
density ak BE quadrature IEAE 
deviation Ain FZ random 随机 的 
dimension 维度 sinusoidal 正弦 的 
deterministic 确定 性 的 stationary 平稳 的 
equation 方程 statistical 统计 学 的 
envelope fu 25 stochastic 随机 的 
ergodicity 各 态 历 经 性 variance 方差 
frequency spectrum Aij uniformly 5] 53 Hh 
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In this chapter, the classification of the channel, the channel models, the noise in the 


channel and the capacity of channel will be introduced and discussed. 


3.1 The classification of channels 


According to the transmitted media, channels can be classified into two categories; 


wireless channel and wired channel. 
3.1.1 Wireless channels 


The transmission of signals in wireless channel is achieved by the propagation of 
electromagnetic waves in space. In principles, the electromagnetic wave of any frequency 
can be produced. For effectively transmitting and receiving, the frequency of the magnetic 
wave used for communications is usually rather high in practical applications. 

According to different communication ranges. frequencies and locations, the 
electromagnetic wave propagation can be classified into three types: the line of sight 
(LOS: 视线 ) propagation, the ground wave( 地 波 ) and the sky wave CX JE) Cor called 
ionosphere reflection wave: $ Ei zi SE UE) ,as shown in Table 3. 1. 1. The sketch maps of 


these three propagations are shown in Figure 3. 1. 1. 


Table 3.1.1 The comparison of three propagation modes 


Type Frequency range Propagation mode Propagation range 


Ground Waves | <2MHz | 2MHz | <2MHz | along the curved ground surface | over hundreds to thousands of km 


Many reflections between 


Sky Waves 27-30M Hz more than 10 000 km 


ground and Flayer 
D= /50h (k 
LOS >30MHz line of sight 50h (km) 
— satellite communication 


signal 
propagation 


receive 


transmit antenna 


antenna 


4 receive 
antenna 


transmit Vs, 
antenna 


(a) Ground wave propagation (b) Sky-wave propagation 


Route of transmission 
l-a—: d — 3d [m — d E | 


Transmitter 


Ground 


(c) LOS propagation 


Figure 3.1.1 Sketch of three propagations 
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The propagation of electromagnetic wave in the atmosphere is influenced by the 
atmosphere. The relationship between the attenuation characteristics of the atmosphere 


and the frequency are shown in the following Figure 3. 1. 2. 


Attenuation(dB/km) 
& 


0.0001 
0.00001 


| 
| 
| 
| 
| 


| 10 100 3 
Frequency(GHz) 


0 1000 


Figure 3. 1.2 Attenuation of oxygen( S& ^1) and vapor (7K Z€ S) (concentration 7. 5g/m^) 


3.1.2 Wire channel 


There are three kinds of wired channels: symmetrical cables. coaxial cables and 
optical fibers. 

Symmetrical cables is also called twist wire (XX Z&£E€). The telephone channel is built 
using twist pairs for signal transmission. A twisted pair consists of two solid copper 
conductors, each of which is encased in a polyvinylchloride (PVC; R AZ) sheath. 
Twisted pairs are usually made up into cables. as in Figure 3. 1. 3, with each cable 
consisting of many pairs in close proximity to each other. Twisted pairs are naturally 


susceptible to electromagnetic interference (EMI: 电磁 干扰 ). 


/ / 


F 


conductor insulating layers 


Figure 3.1.3 Twist wire 


Typical coaxial cable ( [a] #4 E 4%) has a characteristic impedance of 50 or 75 ohms. 
The composition of coaxial cable is shown in Figure 3. 1. 4. Compared to a twisted-pair 
cable, a coaxial cable offers a greater degree of immunity to EMI. The standard bite rate is 
10Mb/s. which is higher than twisted pairs. The applications of coaxial cables are as the 
transmission medium for local area networks (LAN) and in cable-television systems. 

The optical fiber is widely used for the transmission of light signals from one place to 
another. It can be classified into two categories; multi-mode and single-mode, as given in 
Figure 3.1.5. 


Optical fibers have unique characteristic that make them highly attractive as a 
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Outside insulation | Insulation 


Ir lI 


SS a ee ae 


Copper mesh Copper wire 


Figure 3.1.4 Coaxial cable 


transmission medium. They offer the following unique characteristics: 
* Enormous potential bandwidth. 
* Low transmission losses. 
* [mmunity to EMI. 
* Small size and weight. 
* Ruggedness and flexibility. 


Single-mode Multimode 


一 一 


Requires very straight path Multiple paths-sloppy 


Figure 3.1.5 The structure of single-mode and multimode optical fiber 
There are two minimum loss points at 1. 3lym and 1. 55um from the following Figure 3. 1. 6. 
Therefore, these two wavelengths are widely used. 


1.3lum — 1.55um 


Loss(dB/km) 


Wave length(um) 


Figure 3.1.6 The relationship between loss and wavelength 


3.2 Channel models 


We have introduced two types of channels. how to describe the channels in 
mathematical tool is the content of this part. There are two basic channel models: one is 


for modulation, another one is for coding. 
3.2.1 Modulation channel model (调制 解 调 模型 ) 


The basic modulation channel is defined as 
e) = fle tt) |4- nO) (3.2.1 
where e; C?) is the signal voltage at the channel input terminal.e, C2 is the signal voltage at 


the channel output. and n(t) is the noise voltage. Noise n(t) always exists in the channel. 
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It is usually called the additive noise because “+”. The model is illustrated in Figure 3. 2. 1. 


modulation e(t) 
channel 


n(t) 


Figure 3. 2. 1 Modulation channel model 


f<» ) is the function between e; (t) and e, (t). For simplicity, we usually assume f| e; (2) |= 
ke; OG). 
k(t) is a complicated function and it reflects the characteristics of the channel. 
time variant — random parameter channels (PW Z [ri 3B ) 


ki) = 


"X 


constant — constant parameter channels (E Z fri iB) 
3.2.2 Coding channel model (编码 信道 模型 ) 


The input and output signals of the coding channel are digital sequences in Figure 3. 2. 2. 


0101110 


0101111 
——— —Ie- 
input channel | output 


coding 


Figure 3.2.2 Coding channel 


Error usually happens at the output because of interference. Therefore. the best 


method to describe this model is the error probability (fix HE A). It is also called the 


PO/O | — transmitting 0 and receiving0). |. |... | 
| ab a \ Correct transfer probability: 
.PCI/1) transmitting l1 and receiving i : 
P(1/0) transmitting 0 and receiving 1 
For binary systems: 
P(0/0) = 1— P(C1/0) 
P(1/D = 1—P(O/1) 
The model in Figure 3. 2. 3 is the simple binary coding memoryless channel model, in 
which the occurrence of errors in adjacent symbols is independent. 


P(0/0) 


P(1/1) 


Figure 3.2.3 Binary coding channel model 
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3.3 Influence of the channel characteristics on 
transmission (for modulation model) 


3.3.1 Influence of constant parameter channel on signal transmission 


The main transmission characteristics of the transmission function are usually described by 
the amplitude-frequency characteristics ( 幅 频 特性 ) and phase-frequency characteristics 
( 相 频 特性 ). 

In practice. phase-frequency characteristic can also be described by group delay (fif 
延迟 ). 

The amplitude characteristic can be described by insertion loss (插入 损耗 ). Figure 3. 3. 1 


show the ideal amplitude-frequency and phase-frequency characteristics. 


Ho) p (o) 


Figure 3.3.1 The ideal amplitude-frequency and phase-frequency characteristics 


The definition of group delay is 


wp) — deo) 


dw 


The plots of Figure 3. 3. 2 clearly illustrate the dispersive nature of the telephone 


channel. 
20 4 
= e 
=: Z 
x l> = 3 
Ó E: 
所 35 
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2 5 O | 
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Figure 3. 3. 2 Characteristic of typical telephone connection 


3.3.2 Influence of random parameter channel of signal transmission 


There are there common characteristics: 
(1) Transmission attenuation of the signal is varying with time; 
(2) Transmission delay of the signal varies with time; 


(3) Signal arrives at the receiver over several paths. i. e. multi-path propagation 
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phenomenon exists, 
Multi-path will be discussed for its great influence on the quality of the signal 


transmission. the model of multipath is illustrated in Figure 3. 3. 3. 


Incident Random Scattered 
beam medium beams 


Transmitting Receiving 
antenna antenna 


Figure 3.3.3 Model of a multipath channel 


Suppose the transmitting signal is Acosw t. which is a common signal model in a 
communication system. When the signal propagates to the receiver over n paths, then the 


received signal R(t) may be written as; 


R(t) = 2 p(t) cosw [t — w(t) | = » m cosLwot + o; GO ] (3. 3, 13 
i=] i=] 


where 
p; OD is the attenuation of zth path 
t;(t) is the delay of th path are random varying 
pi 0) =— wot; G) 


Equation (3.3. 1) can also be written as; 


R@) = X m (t) cosg; CO cost — Xm: Esing; (t) sinwot (3; 342) 
1—]1] i=] 
Let 
AU — > coso; Ct) 
X.G) = X msing; (t) 
Then 
R(t) = X.(t)coswot — X,(t) sinayt = V G)cosl est + 9O) | 
where 


Vit) = /X2(t) + X2(t) —envelope 


AG) 
A CE) 


Comparing this eq. with the narrowband random process yields: 
X(t) = X.cosw,t — X,sinw,t = a,(t)cosLw,t 4- 9, C ] 
So R(t) can be regarded as a narrowband signal with random varying envelope and 


phase. as shown in Figure 3. 3. 4. 
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R(t) aT 7 a 
Ad eee 


Figure 3.3.4 The narrowband signal 


To simplify the problem, here we only discuss two paths of the multi-path 
propagation with the same attenuation and different delays. 

Suppose the transmission signal is f(t), the received signals are Af (t—7) and 
Af(t—7,—c). respectively. where A is a constant. 


Their corresponding Fourier transforms are 


Input: 

f IG» FG») 

Af (t — tt )OAF (Co) e ier, 

Af (1 — 1, — TD) SAF (we * "o? 
Output; 


Afti—m) - Af (t£ — v, —DOAF (wer (1 +e") 
Therefore, the transfer function of the two paths channel is 
H(w) = Ae (1 + e™") 
|H(w) | = | Ae? C1 + e?) | 
= Allt+e*" 


= A|1-4-cosot — jsinwt | = Ay (1 + cosot)? + sin’wt = 2Acos = 


The curve drawn according to the above equation is shown in Figure 3. 3. 5. 


|1 te? 
2 
O T 2T 3n Ar @ 
T ES T T 


Figure 3.3.5 Multipath effect 


From the above curve. we consider that fading is related to the frequency. it is called 
frequency selective fading (频率 选择 性 衰落 ). 
Figure 3. 3.6 illustrates the effect of Rayleigh fading on the waveform of the received 


signal. whose amplitude and phase components vary randomly with time. 
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Figure 3.3.6 Effect of Rayleigh fading on a sinusoidal wave 


3.4 Channel capacity (continuous channel) 


The information capacity of a continuous channel of bandwidth BHz, with the 


as ee 3 k; . ; s B. PM AE : : : 
addictive white Gaussian noise of PSD F3 and limited in D. is given by 


x 


, » fe B 
ES = Blog, (1 TI 


Jes (3.41, 


where S is the average transmitted power. 

There are three key system parameters: channel bandwidth (B). average transmitted 
power (S) and the noise power spectral density (no /2). 

(1) When S increases or no decreases; C increases. 


(2) When B>, C, approaches to the following limit: 


limC, — lim S Prelog, (1 T S ] 


Boo kd dh. © noD 
= lim Žlog (1 + x) = S loge ~ 1.442 
r--0 719 no No 


The channel capacity approaches 1. 44 times of signal power to noise PSD ratio. 

Example 3.4.1: A frame of black and white TV image is composed of 300 thousand 
pixels, each pixel has 10 levels of brightness and these 10 levels occur at equal 
probabilities. If the image is transmitted at a rate of 25 frames per second, the image 
signal to noise ratio is required to reach 30dB, find the required transmission bandwidth. 

Answer: Since each pixel takes 10 possible levels with equal probability. the 


information content of each pixel I, is 
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I, = log;10 = 3. 32(b/pixeD 
The information content I; of each image frame is 
I; = 30 000 X 3. 32 = 9.96 X 10° (b/frame) 
Since there are 25 frames of image per second. the required information transmission 
rate 1s 
L 625 = 8,96 x: 85x 10* = 24,9 x IU" CB) 
According to the formula 
C = Blog; 1 + S/N») 
24.9 X 10* = Blog;(1-- 105) = 9. 96(B) 
The bandwidth is: 
B = 24.9 X 105/9.96 = 2.5(MHz) 


oummary and discussion 


Channel plays a very important role in the communication system, which also is the 
basis of the following chapters. The classification of the channel is given in this chapter. 
Three main wireless channels are the line of sight (LOS; 视线 ) propagation, the ground 
wave( Hh) and the sky-waveCX J£). There are also three main kinds of wired channels: 
symmetrical cables. coaxial cables and optical fibers. Nowadays, these channels are widely 
used. and they have affected our daily lives, due to their wide range of applications. 

It is important to understand two mathematics models of channel. Modulation channel 
model is usually regarded as analog channel. The multiplicative noise and additive noise are 
used to reflect the channel effect. Multiplicative noise k(t) can cause signal distortion, 
including linear distortion. non-linear distortion. time delay and attenuation. Depending 
on the k(t) being a constant or time varying, constant parameter channel and random 
parameter channel are distinguished. The influence of random parameter channel on signal 
is multipath effect. which can cause the frequency selective fading of the signal. Additive 
noise always exists in communication systems. Thermal noise is usually called white 
noise. We mainly discuss the influence of the white noise. especially the Gaussian white 
noise in this book. 

Coding channel model is usually viewed as digital channel. Both additive noise and 
multiplicative noise influence the coding channel. Error probability is used to describe this 
kind of channels. which is also called the transfer probability. 

There is a Shannon-Hartley theorem (香农 定理 ) about continuous channel capacity: 


"CAP S | 
C, = Blog, L JI 


C, represents maximal information rate which can be transmitted by the channel. and 
its unit is b/s. The bandwidth and SNR can be traded off. If the bandwidth is increased 


then the SNR decreases and the capacity remains unchanged. This trade-off relationship 
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has very steering significance in the design of communication systems. This trade off 
cannot be naturally achieved. It required that the signal is modulated or encoded to 
increase its occupied bandwidth. and then it is sent to the channel for transmission 


corresponding to demodulation for decoding at the receiver. 


Homework 


3.1 Assume a wireless link uses line-of-sight propagation for communication, and 
the heights of the transmitting antenna and the receiving antenna are both 80m. Find the 
maximum communication distance. 

3.2 A voice-grade channel of the telephone network has a bandwidth of 3. 4k Hz. 

(1) Calculate the information capacity of the telephone channel for a signal-to-noise 
ratio of 30dB. 

(2) Calculate the minimum SNR required to support information transmission through 


the telephone channel at the rate of 9600b/s. 


Vocabulary and terminologies 


attenuation AE Jo coaxial cable fia] a rb, A 
copper ED constant parameter channel IH 2 nad 
channel 信道 EMI 电磁 干扰 
electromagnetic 电磁 的 frequency selective fading H 5 Ye PEPE Fe Ye 
fiber 光纤 ground wave 地 波 
interference 干扰 group delay Bf RE Hy 
oxygen 氧气 insert loss jfi A tint FE 
propagation 传播 multipath effect 多 径 效应 
surface 表面 random parameter channel 随 参 信道 
terminal 终端 sky wave Rik 
vapor IK ET transfer probability 转移 概率 
wireless 无 线 twist wire X xc ZK 


channel capacity 信道 容量 


Chapter 4| Continuous-wave modulation 


(Analog modulation system) 


In this chapter. we study continuous-wave modulation. which is basic to the operation 
of analog communication systems. There are two kinds of modulation; linear modulation 
(线性 调制 ) and nonlinear modulation. 

* Linear modulation; amplitude modulation C AM) 


double-sideband (suppressed carrier) modulation (DSB-SC) 


single-sideband modulation (SSB) 
.vestigital-sideband modulation C VSB) 
* Nonlinear modulation: 
frequency modulation C FM) 
Laon modulation ( PM) 
The anti-noise performances of different modulations are also compared and 


discussed. 


4.1 Introduction 


In the continuous wave modulation system. the input singal is analog. As depicted in 
Figure 4.1.1, we can find that the transmitter consists of a modulator and the receiver 
consists of a demodulator. 


Information — Modulator 
source 


| Channel 


Figure 4.1.1 Continuous-wave modulation system 


Modulation: the process by which some characteristics of a carrier is varied in 
accordance with a modulating wave signal. 

Demodulation: the reverse of modulation process. 

Message signal; the information-bearing signals are also referred to as baseband 
signals. 

Carrier wave; is cosine waveform in this chapter. 


c(t) = Acos(w.t + p) 
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A carrier has three parameters; amplitude A, angular frequency o, and initial phase ø. 
AM: the amplitude of a cosine carrier is varied in accordance with m(t). 


FM; the frequency of a cosine carrier is varied in accordance with m(t). 


PM: the phase of a cosine carrier is varied in accordance with m(t). 


Modulated signal s, (+) (已 调 信 号 ): the carrier after being modulated is called 
modulated signal. 

Modulator (Wa il] #8). the device for modulation is called the modulator. 

The function and purpose of modulation 

1. Frequency spectrum shift 

The proper use of the communication channel requires a shift of the range of baseband 
frequencies into other frequency ranges suitable for transmission, and a corresponding 
shift back to the original frequency range after reception. 

2. Anti-noise performance 

The anti-noise performance can be improved by modulation. 

Although the digital communication is superior to the analog communication and 
develops rapidly, the analog modulation is still the basic modulation mode. Some concepts 


and principles of analog modulation are also used in digital communication. 
4.2 Linear modulation 


The basic model of a linear modulator is shown in Figure 4. 2. 1. 
The modulating signal m(t) and the carrier are multiplied. m) c s (0) 
then it passes through a bandpass filter A(t). e 


The characteristics of HCf) may have different designs. so cose 


different modulation modes are resulted. They will be . E 
Figure 4. 2. 1 Basic model of a 


introduced in the following part. Take the SSB modulation as 2 
linear modulator 


an example. as illustrated in Figure 4. 2. 2. the spectrum 


after modulation is the frequency shift of the message signal m(t). 


M) S) 
了 方 07 A” th 65 0 A 7 «d 
Jh a a " Jh Jc Jb = c Jc NH, Jc'Jb 
nergy gap aE i 
(a) Spectrum of baseband signal (b) Spectrum of SSB wave 


Figure 4.2.2 The spectrum shifting of SSB 
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4.2.1 AM 


Assume m(t) contains D. C. component (EMI Æ). 


If HC f)=C, it is an all-pass filter (4218 JE J€ Ar), then mt) sf) 
this linear modulation is amplitude modulation. as shown in r i 
the Figure 4. 2. 3. EA COSOef 


Sam (t) = LA, 于 (人 |cosw,t 
= A,cosw.t + m(t)cosw,t [1210 
In Figure 4. 2. 4, when |m (t) |max > Ao for any t. the 


Figure 4.2.3 The model of 
AM modulator 


carrier wave becomes over-modulated. resulting in carrier phase reversals (Jx #4) at the 


crossed zero points GIF 4). The modulated wave then exhibits envelope distortion. 


m(t) 


(a) m(t) 
s(t) 


(b) AM wave for |72(1)|max<4o for all t (c) AM wave for m| yax>Ao for some f 


Figure 4.2.4 AM modulation 


From equation (4. 2.1). we can find the Fourier transform of the AM wave sn G2: 
Sam(w) = TA Llw +a.) 十 SCo — ex) ] + [Mw + wd) 4- MCo — eX) | (4.7. 4) 


It is not difficult to know from the waveform of AM signal, that shape of the envelope 
of the modulated signal is the same as the shape of the modulated signal. Therefore, 
envelope detection method can be used to restore the original modulated signal during 
demodulation at the receiver. As can be seen from Figure 4. 2.5, most part of the power in 
such a modulated signal is occupied by the carrier, and the carrier itself does not contain 
the information of the baseband signal. Therefore. the carrier is not necessary for 
transmission. Another limitation is wasteful of bandwidth. The upper and lower sidebands 
are symmetry about carrier f.e.. This means only one sideband is necessary. 


To overcome these limitations: we must make certain modifications: suppress the 
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Upper 
sideband 


sideband | | sideband 


wow T FW ffs O F fo faw 
(a) Spectrum of the baseband signal (b) Spectrum of AM wave 
Figure 4.2.5 The spectrum shifting of AM 
carrier and modify the sidebands of AM wave, which will be discussed in next section. 


4.2.2 Double-Sideband Modulation 


If there is no DC component. then there will be no carrier in the output signal of the 


multiplier. This kind of modulation is called Double-Sideband Modulation (DSB ,双边 市 调 


ml». where the upper and lower sidebands are transmitted(see Figure 4. 2. 6). 
Mf) 
MO) 


S(f) 


ld x 
54M0) 


-W 0 W J | ae | 0 fe | f 
2W 2W 
(a) Spectrum of baseband signal (b) Spectrum of DSB-SC modulated wave 


Figure 4.2.6 The spectrum shifting of DSB 


We write: 
Spsg (t) = m(t)cosw,t (4, 2.4) 


and its Fourier transform is obtained as: 
Sc = 3LMG 一 fe) MC f2] (4. 2. 4) 


The modulated signal spss (1) has phase reversal when the message signal m(t) crosses 
Zero, 

The envelope of DSB-SC modulated signal is different from the message signal. In 
order to recovery m(t), the coherent detection is usually used at the receiver. as shown in 
Figure 4. 2. 7. 

It consists of a multiplier and a low-pass filter. The local oscillator is exactly coherent 
of synchronized with the carrier wave C(t). This method of demodulation is known as 


coherent detection (相干 检测 ) or synchronous demodulation (同步 解 调 ). 


Sm (E) cosw.f = m(t)cos’w.t = ma) ++ gm G cosZost p 0 ud 


After the LPF, the output is 
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Product v) Low-pass | 
s() modulator filter Vl) 


Alcos(2n f.t+ o) 


Local 


oscillator 


Figure 4.2.7 Coherent detection of DSB 


m, üt) = mG) (4, 2. 8) 


4.2.3  Single-Sideband Modulation 


In single-Sideband Modulation (SSB), only the upper or lower sideband is 
transmitted. A band-pass filter (BPF) needs to be designed to pass one of the sidebands of 
DSB modulated wave and suppress the other. 

A high-pass filter with transfer function Hysg(w) used in the modulator can pass the 
upper-sideband signal. 

ly |wl>o, 


HC») = Hus (o) = | (1. 2. 1) 
0 s | e) | S GO. 
A low-pass filter with transfer function H,sg(w) can pass the lower-sideband signal. 
] J | e) | E. C). 
H Co) — Hiao (4. n 8) 
0, |wolze« 


The frequency spectrum of SSB is 
Sssp Cw») — Spsg Cw») " Hw) (4, zi 9) 
Figure 4. 2. 8 shows the process of upper sideband SSB modulation, using the filter 


method. 


Spsp(@) 


-Or 0 Me 加 


—(Dc 0 Oe e 


-0 0 Wke e 


Figure 4.2.8 Spectrum of SSB signal containing the upper sideband 


The message spectrum must have an energy gap centered at the origin. This 
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requirement is naturally satisfied by voice signals, whose energy gap is about 600Hz wide 
(from —300Hz to 300Hz) . as shown in Figure 4. 2. 2. 

The equations (4.2.7) and (4. 2. 8) are ideal filters. which are difficult to realize in 
practice. The above method is also called filter method (滤波 法 ) to generate the SSB signal. 
Now let us discuss another method: phase-shifting method ( 相 移 法 ) (see Figure 4. 2. 9). 


| Product In-phase path de ser s(t) 
mir) ~ | Modulator | Q2- 
! A.cos(2m fet) 
| [Oscillator 
Hy (a 
| A sin(2K fot) 
Modulat 
Sion ve Quadrature path 


Figure 4.2.9 Modulator of SSB by phase-shifting 


In this model, H,(w) is the transfer function of Hilbert transform( # ZR (8 Er SFA) ， 
which is the x/2 phase shifting of input signal. We can get the time domain equation of 


SSB from Figure 4. 2. 9. 


sssp (1) = F(t) cose! + 5 mt) sinw.t (4. 2. 1) 
where m(t) is the Hilbert transform of m(t). 

At the receiver. the coherent detection is used to recovery the message signal. Carrier 
COSw.t multiplying the received signal | Sus (上边 带 ) or Sssg( 下 边 带 ) | with the carrier is 
equivalent to the convolution ( # #4) of the carrier frequency spectrum with the signal 
frequency spectrum in frequency domain. We consider upper-sideband signal as an 
example. Sag Cf) convolutes with C( f). and then passes through a LPF. the result is the 


frequency Spectrum of M(/). as illustrated in Figure 4. 2. 10. 


Sssn( f ) 


Figure 4. 2. 10 Demodulation of SSB 
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4.2.4 Vestigial Sideband Modulation 


Vestigial Sideband Modulation (VSB ,残留 边 市 ):， Only a vestige of one of the 
sidebands and corresponding modified version of the other sideband are transmitted. (One 
of the sidebands is partially suppressed and a vestige of the other sideband is transmitted to 
compensate for that suppression. ) 

We generate a DSB-SC modulated wave and then pass it through a band pass filter 
(BPF), which is specially designed to distinguish VSB modulation from SSB modulation. 
Frequency spectrum width of VSB signal is between that of DSB and SSB signals, and its 
frequency spectrum contains carrier components and very low frequency components. VSB 
modulation is currently used in analog TV broadcasting systems extensively. 

How to determine the H(f) of VSB modulation. Here we use the system analysis 


method to get the H( f) from frequency domain, as shown in Figure 4. 2. 11. 


| "DSBV 1 st 
| | 


gk Hy c(f) c(f)-2coso,t 
Figure 4.2.11 The VSB communication system 
At the transmitter. frequency spectrum expression of the output signal of the multiplier is 
ii [Mw +.) MG — Y 1 (4. 2.11) 
Frequency Spectrum of VSB should be 
Sus (w) = Spa lw) + Hw) = [Mo +0.) Mw — ow) JH) — (4.2.12) 
In order to find the condition that H (w) should be satisfied. analyze it from the 
demodulation: and neglect the effect of noise. 
After multiplication of signal s(t) and local carrier cosw,.t, the frequency spectrum of 
so (t) will be the result of the frequency shifting of Svs (w): 


S, Co) — | Svsg Cw + ax) + Sys Coo — c.) | (4. 2. 13) 
Substituting (4. 2. 12) 1nto (4. 2. 13) 


Stu — [Mw S5 MHo TMo) itu — Ba TES — wl 


(4. 2. 14) 
The items M(w+ 2w.) and M(w-—2w,) can be filtered out by LPF. Hence. the output of 


system 1s 


Siw) = 5M) (Ho +o.) + HGo — 9.) ] (4. 2.15) 


For distortion-less transmission, we require the following condition of H (w): 


Hlor ad + Hiw—eo) = C, ERE (4. 2. 16) 


Where wy is the cut-off angular frequency of message singal, where C is a constant. 
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The above equation is prerequisite (必要 条 件 ) for the filter characteristics to produce 
VSB signal. The cut-off characteristics of the filter is complementary symmetry (互补 对 
PR) with respect to the carrier frequency f. (E. f. 处 具有 互补 对 称 性 )( see Figure 4. 2. 12). 


| Ho) 


(a) Amplitude-frequency characteristic of residual partial upper band filter 


U a 
(b) Amplitude-frequency characteristic of residual partial lower band filter 


Figure 4.2.12 The filter characteristic of VSB system 


Accordingly, the transmission bandwidth of VSB modulation is 
Br = B+ f. (4. 2. 17) 
where B is the message bandwidth, and f, is the width of vestigial sideband. 


The time domain of VSB modulated wave is described as 
s(t) = FAm cos(2rf et) + FAm (t)sin(2xfet) (4. 2:18) 


where m (1) in the quadrature component of s(t) and it is obtained by passing the message 
signal m (t) through a filter whose frequency response Ho Cf) satisfies the following 
requirement: 
Pat PD — 7 AO — i) — ACP.) \3. for — Fe F =e (4. 2. 19) 
Figure 4. 2. 13 displays a plot of the frequency response Ha Cf). scaled by 1/7. 


Figure 4.2.13 Frequency response of a filter for producing the quadrature component 
of the VSB modulated wave 
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It is of interest to note that SSB modulation may be viewed as a special case of VSB 


modulation. Specially, when the vestigial sideband is reduced to zero ( f, —0). 


4.3  Anti-noise performance of linear demodulation 


Figure 4. 3. 1 shows the noisy receiver model. The noise n (t) is addictive white 
Gaussian noise ( AWGN). The receiver consists of an ideal BPF following by an ideal 


demodulator. We also assume that BPF has a bandwidth equal to the transmission bandwidth 


B of the modulated signal s(t) and the mid-band frequency equal to the carrier frequency f.. 


REESE i 


Figure 4. 3. 1 Receiver model 


Suppose the midband frequency of the band-pass filter is f.. then the PSD of noise 
after passing this filter is shown in Figure 4. 3. 2. 
We may treat the filtered noise n (t) as a narrowband noise represented in the 


following form: 


n(t) = ny (2) cos(2nf.t) — ng GDsinC2m f.t) (4. 3. 1) 
The filtered signal x(t) available for demodulation is defined by 
alt) = s) FH nft) 
The details of s(t) depend on the type of modulation used. 


SN(J ) 


Figure 4. 3.2  Idealized frequency response of the noise filtered by a BPF 


The input signal-to noise ratio (SNR), at the demodulator input is defined as: 


We average power of sn C? | | 

(SNR), See aa (4. 3. 2) 

average power of n; 1) 

The output signal-to-noise ratio (SNR), at the receiver output is defined as: 

average power of the demodulated message signal m, (t) (4.3.3) 
average power of the noise n, Ct) m 


We define modulation gain (调制 制度 增益 ) G for the receiver as follows: 


(4. 3. 4) 


We give the definition of the channel signal-to-noise ratio (SNR). as the ratio of the 
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average power of the modulated signal to the average power of channel noise in the 


message bandwidth both measured at the receiver input. 


— The average power of the modulated message signal s,, C£) 
Poo] SS e C M c -— m—— — a C M M MCN PUT 
The average power of the channel noise z, (in the message bandwidth 
(4.2) 
We define a Figure of merit for the receiver as follows: 
N ! (SNR) o | ! 
Figure of merit — 2 G3 0) 


(SNR)c 


The higher the value of Figure of merit or G. the better will the anti-noise 


performance of the receiver be. 


4.3.1 Noise in linear receiver using coherent detection 


Figure 4. 3. 3 shows the DSB/SSB using a coherent detector. 


nt) 


Figure 4.3.3 The model of DSB/SSB receiver using coherent detection 


The comparison of anti-noise performance between DSB and SSB is as follows: 


(1) DSB input signal of receiver is (modulated signal) : 


Sm (t) = m(t) coswet 4.3.7) 
Sm(t) multiplies with carrier wave cosw.t 
m(t)costwt = mt) + Sm(t)cos2eet (4. 3. 8) 
Then it passes through the LPF, the output signal is 
n Cr) = ma) (4.3.9) 


50 


S= 1) = mG eosmtl = om 


S, = mia) = = m CE) 
The input noise of demodulator: 
n.(t) = n.(t)cosw,.t — n, sinot (4. 3.10) 
Multiply with cosw.t: 
n:(t)cosw,.t= | n. Ct) cose.t — n, GO sinet |cosw,t 


_ n0 rs 5 [nM costoet m rd (4. 3. 11) 


Then it passes through the LPF. the output noise is 
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n,(t) = 3n) (4.3. 123 
SO 
1-2 ] ] : 
N, = L e Cr — 7N = qb 
The input (SNR); and the channel signal-to-noise ratio (SNR)c are 
S 2 m? (t) = m? (t) 
— = —— and (SNR), = — —— 6L. 3, E33 
N; noB i 3 
— m B 
2 
The output SNR is: 
7 ea 
So 一 - AED (4. 3. 14) 
N, ET ny D 
4 I 
So we can get: 
: Sar N 
Gpsg = —— = 2 
DSE S, / N, 
Figure of merit — SON - = ] (43, 153 
(2) For the SSB system: 
Smt) = Fm(t) coset F E m) sinet (4:3. 15) 
When this SSB signal multiplies with cosw.t, and passes through the LPF. the output 
is 
mi) = oue 
AE. 1 | 
SO 
T = att) = + m? (t) 
+ o 16 
Because 
e+ Pee es E == BS as £s IT) nm l azy 
S, = sia) = 4 | m(t) coset F mt) singt |? = ala m". zm CD | 
and 
m* (t) = m* (t) 
It is easy to get 
S; = T mi (t) 
SO 
X m | ee ES 2 BEEN 
Si 4 uita u m?’ Ct) and (SNR). — 4°" (2) m* (t) 
N; 2na B is 2noB 


Ny y Msz 
7B Ls 


The output SNR is 


Ar MN 
5. _ 16 las u m? Ct) 
N, | wi. 2ny D 
一 — B 
4 2 
Finally. we can get 
so EPFL __., — GSNR)o _ : 
Gssp = S/N. 一 ] and Figure of merit = (SNR)e | =] (GL 3. 17) 


The differences between DSB and SSB demodulator are the central frequency and 
bandwidth of BPF. 
Important conclusion: 
For the same average transmitted Cor modulated) signal power and the same 
average noise power in the message bandwidth. a coherent SSB receiver will have 
exactly the same output signal-to noise ratio as a coherent DSB-SC receiver. 


Because the figure of merit is equal to 1. that is to say neither DSB nor SSB 


demodulation offers high quality of reception. The anti-noise performance does not 


improve at the receivers. 


4.3.2 Noise in AM receivers using envelope detection 


The noise analysis of AM system is using an envelope detection. as shown in Figure 4. 3. 4. 
beer 4 > usi ee ve 1 
Sm Sat) | ] | mat) 
A | 


n(t) 


Figure 4.3.4 The model of AM receiver using envelope detection 


The input signal is 
Sa OD = [Ao +m(t) |cosw.t GL 3.15) 
where |77(t) | max SA0. 
The input noise 7; (t) is: 
n.(t) = n.(t)cosw.t — n, sinot (4. 3. 13) 


We can get 


: "E As mê) 

EO oos UH a 0 

"m. S442 = a 7 

N; = n?@) = mB (4. 3. 20) 


The input signal-to-noise ratio is 
S _ Ab +m? (2) 
N; 2na D 
The mixed signal sm C2 +7n;(t) is equal to 
Sa GB tn, (D — LA, + mC€OD Hn. OD Jcosw.t — n, GO sinet 


(4. 3. 21) 
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= E(t)coslw,t + 9) | (58.22) 


where EG) — J/[A;d-mG) 4-n.G) |? +n (t) and y(t) — arctan M, | 


er 
Obviously, E(t) is the envelope, its expression is non-linear and complex. In order to 


simplify this problem. some approximation methods need to be used. 


(1) High signal to noise ratio; | Ap +m(t) J> ni (t) 4- ni CO) 
The envelope 
EGO — JULA, 4- mCGD |? + 2LA, Hm) In. CD) H n2 COD + n2 CÓ 
az YLA, tm) |? 4-2LAs, +m) In. Ct) 

2n.(t) 7)” 
Ao +m@) 

n. Ct) 
Ao H mG) 
= Ae + mG) + n.CGO) (4. 3. 23) 


Here the following approximate formula is used: 


sz | As 4- m OD | È :. 


~ [Ao + mQO)]|1-* 


(+2)? =1+, lal<] (4. 3. 24) 


After the envelope detector. the output signal and noise are 


S, = m” (i) 
N= i C4. 3.259) 
So 
S. mín 
N. mB (4. 3, 26) 
3 0. dg da. 0 di LED 4 
Gam = GN.” Bawa (45.217) 
For the 100% modulation C|mCO | max — A4) 
。 aad Pipsrafusd Hil, 7 — 
Ci = 3 and Figure of merit (SNR. 3 (A; 3. 28) 


This means that. assuming other factors are equal, an AM system (using envelope 
detection) must transmit three times as much average power as a suppressed-carrier 
system (using coherent detection) to achieve the same quality of noise performance. 

(2) Low signal to noise ratio: 

[Ao tm) ] «& Ant CO) ns CD) 
The output of the envelop detector is 
E(t.) = R@) + LA, + m(t) ]cos0 Ct) (4. 3. 29) 
where R(t) — y nét) tni (2) and 00) — arctan| n, GO) / n. OD |. 
This relation reveals that when the signal-to-noise ratio is low. the detector output 


has no component strictly proportional to the message signal m(t)». as shown in Figure 4. 3. 5. 
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Threshold effects (门限 效应 ): Below a specific carrier-to-noise value (the threshold). 


the noise performance of a detector deteriorates much more rapidly than proportionally 


to the carrier-to-noise ratio. 


o J 
ne A 
SNR I Pi 
a ( Jo Pie 
g 2 
8 L 
D ] f 
= E: 
E / 
23 / 
n9 ff s ; 7 
z // NSNR)o=0.91p? 
0 / 
Soi ^ 
a / 
s 
© F 
f 
F 
4 
0.017 


1.0 10.0 100.0 
Carrier-to-noise ratio, p 


Figure 4.3.5 Output signal-to-noise ratio of an envelope detector for varying carrier-to-noise ratio 


Example 4. 3. 1: the AM signal s(t)=A.{.1+k.m(t) jcos2r f.t is applied to the system 
shown in Figure 4. 3. 6 Assuming that | £,m(G) | <1 for t and the message signal m(t) is 
limited to the interval —W €: fW and that the carrier frequency f. —2W show that can 


be obtained from the square-rooter output v;. 


s) P Low-pass Square | Ux) 
aon filter rooter 
v(N=s-(0) Ux(f)- ./U2(t) 


Figure 4.3.6 AM generator 


Solution: The squarer output is 
vi (t)= A | 1+ £,mCO f cos?2n f.t 


2 
= E [1+ 2k, m CD + m^ CQ) ]L1 + cos4m ft ] 


The output of the Low-pass filter is 


2 
E 11+ k.m(t) |? 


Us Ct) — 


So the output of square rooter is 


<1] +k,m(2) | 
NEI 


va — 
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Homework (part 1) 


4.] The following Figure 4. 1 shows the circuit diagram of a square-law modulator. 
The signal applied to the nonlinear device is relatively weak. such that it can be 
represented by a square law: 

v, (2) = aív (D + as vi Ct) 
where a, and a; are constants, v(t) is the input voltage, and v(t) is the output voltage. 
The input voltage is defined by vi (22 — A.cos2m f.t-m G2. where m(t) is a message signal 
and A.cos2mf.t is the carrier wave. 

(1) Evaluate the output voltage v2 (22 ; 

(2) Specify the frequency response that the tuned circuit in the following figure must 
satisfy in order to generate an AM signal with f. as the carrier frequency; 


(3) What is the amplitude sensitivity of this AM signal. 


ito 


A, cos(2m ft) ae 


Tuned to 大 


Figure 4. 1 


4.2 Consider a message signal m(t) with the spectrum shown in Figure 4. 2. The 
message bandwidth is W — IkHz. This signal is applied to a product modulator. together 
with a carrier wave A,cos2xf.t. producing the DSB-SC modulated signal s(t). The 
modulated signal is next applied to a coherent detector. determine the spectrum of the 
detector output when: 

(1) the carrier frequency f.=1. 25kHz; 

(2) the carrier frequency f.-—0. 75kHz. 

What is the lowest carrier frequency for which each component of the modulated 
signal s(t) is uniquely determined by m(t). 

4.3 The waveform of message signal is shown in Figure 4. 3. Draw the waveforms 


of DSB and AM signals and compare the difference after the envelope detector. 


mf) 
-FW 0 W f 
Figure 4.2 Figure 4. 3 


f=1/t 
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4.4 Suppose the noise double-side PSD of a channel is P,( f) =0.5 10 °W/Hz, on 
this channel the DSB or SSBCupper side-band) or AM( The side-band power is 10kW, the 
power of carrier wave is 40kW)is transmitted. The bandwidth of message signal m(t) is in 
5kHz, and the frequency of carrier wave is 100kHz. The power of modulated signal is 
10kW. If there is a band-pass filter before receiver, try to find: 

(1) the mid-band frequency (中 心 频率 ) of this ideal band-pass filter for DSB/SSB 
signals; 

(2) the input SNR of demodulator; 

(3) the output SNR of demodulator, and draw the output noise PSD of DSB 
demodulator; 


(4) the modulation system gain G of AM demodulator. 


4.4 Angle modulation (Non-linear modulation process) 


The angle of the carrier wave is varied according to the baseband (message) signal in 
angle modulation method. In this modulation, the amplitude of the carrier wave is 
maintained a constant. 

An important feature of angle modulation is that it can provide better anti-noise 
performance than linear modulation by exchanging channel bandwidth (VA 7 $5 15 R S 1A 


品 比 ). 
4.4.1 Basic definitions 


The expression of angle modulation is 
Sm (t) = Acosl wt + 9G) | (4.4.1) 
where ø(t) is a function of m(t). 
When g(t) = K,mG) 
spm (1) = Acos| et + K,m(@) | 


-Phase modulation 


When f£ —K,m) or g(D— K[mCGOde 


Sem (£) = Acos 区 十 Ki|m (rdr| 


Frequency modulation 
Instantaneous phase (瞬时 相位 ) : wt +o). 
Instantaneous phase deviation CB] fH fy fim $2 ) : g(t). 
Instantaneous frequency (HEMT M4): dL wt 十 g(t) ]/dt. 
Instantaneous frequency deviation (PEAY Hil 4 f $2) : doCO /de. 
The waveform of angle modulation is shown in Figure 4. 4. 1. As can be seen, if there 


is no information about the message signal. it is difficult to distinguish FM and PM signal. 
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Figure 4.4.1 Waveform of angle modulation 


Now we consider a cosine modulated signal defined by 
m(t) = A,,cosw,t 
spm(t) = Acos| e.t + K,A,,cosw,,t.] = Acosl e.t + m,cosw,t | (4.4.2) 
where m, =K, Anm. 
m, is called the modulation index of PM signal, representing the maximum of phase 
deviation. 


The expression of FM is as the following equation: 
seu (D = Acos| w.t + K,| m(r)dr | 
= Acos| wt + KAn] COSW cd | 
= Acos(w,t + m;sinw,t) (4,4, 3) 


Ac A om 
OU ap is the largest angular frequency deviation 


CO mn In 


where m= KrA, = 


CE K FA Hil in). Af=m:fm is the largest frequency deviation Ig IC fm ) . 
m, is commonly called the modulation index of FM signal. 


Comparing the equations of PM and FM signals. We can find that an FM signal may 
be regarded as a PM signal in which the modulating wave is [m (c)drin place of m(t). This 


means that an FM signal can be generated by first integrating m(t) and then using the 
result as the input to a phase modulator. Conversely, a PM signal can be generated by first 
differentiating m(t) and then using the result as the input to a frequency modulator (see 
Figure 4. 4. 2). 

Depending on the value of the modulation index m; (or 8), we may distinguish two 
Cases; 


(1) Narrowband FM (NBFM), for which fg is small compared to one radian. 
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differentiator B integrator FM 
modulator modulator 


(a) Indirect PM (b) Indirect FM 


Spy(£) 


m(t) 


Figure 4.4.2 The indirect generation of PM and FM 
| Kf m(r)dr| < z) 
(2) Wideband FM(WBFM), for which f is large compared to one radian. 


4.4.2 NBEMGE HAD) 


We expand the definition expression of FM signal from equation(4, 4. 3); 


sem (D = Acosl wt + K,| mro) dr | 
KE: "E 
— Acosw.tcos| K,| mdr |— Asino.tsin[ K;| mc) dr | (4. 4. 4) 
Assuming that m; is small compared to one radian, we may use the following 


approximations: 


"t 
—05 


cos [Kd mdr | =~ ji 


sin[ Kd| | mG)dr | A A m) dr 
Swarm (t) = Acosw.t — | AK, | mr) dz |sinw.t (4.4.5) 
According to the following Fourier transforms: 
m(t) SM Cw) 
cosw t€n| 6o + w) 4- Cv — w,) | 
sino tS jnl lw F w) — lw — w.) | 


Imcoare Ma) 
jw 
[[mcodr] sinos 2 [Mere Moe] (4. 4. 6) 
PA co 十 CO. QU We 
The frequency domain expression of NBFM is 
SuBrM (oJ — nA| lw + cw.) + Co NE. w.) | 十 AK M — ax) — Ke Lel) (4, 4. 7) 
2 Ww — We area 


Compare the spectrum of AM with the above equation, 

Sam(w) = nALOCo +a.) 十 SCo 一 oo) | + 5 (Mw + ow.) + MCo — we) | (4.4, 8) 
Suppose the message signal is m(t) =AmcoSwmts we can find the similarity and differences 
between AM and NBFM from the above equations and the vector graphs in Figure 4. 4. 3; 

(1) Both of them have two sidebands. and they have the same bandwidth. But one of 


NBFM sideband is reversed phase compared with the sideband of AM signal. 
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ie 


(2) There are two frequency weighting factors 


] 1 | 
and of the two sidebands 
wtw, (— qw, 


of NBFM, which cause the change of spectrum. so it is a nonlinear modulation. 


Yos 


~ 
人 on 


upper side frequency 


—~ lower side 
AQ frequency | 
carrier wave a carrier wave ~ 

lower side frequency “~ 


upper side frequency 
EN 
Dom 


Figure 4.4.3 The vector graph of AM and NBFM 


4.4.3 Wide-band frequency modulation (WBFM) 


Take the single-tone modulation for example: 
m(t) = A,,cosw,t = A,cos2x ft (4. 4. 9) 
Sem (t) = Acosw,t * cos(m;sinw,,¢) — Asinw,.t * sinCmisinoy,£) (4. 4, 10) 


We may expand sem (2). in the form of a Fourier series (i E IFR Z3) 


cos(misinwnt) = Joni) + A. 2], mi) cos2na mt 


n=1 


sin(mrsinw,t) = PX ed (m;)sinC2n — loot 


n=1 


where J, (mi) is the n™ order Bessel function (n [ft Ul Æ R AO of the first kind (55 — 25). 
Bessel function J, (m;) has the following properties: 
(1) J- Cm) =—J, nj) sn is odd 
J- Gn) =J, Oni) sn is even 
(2) For small values of the modulation index m;. we have 
Jom = 1 
Ji Ono 29 m/2 
J (mm) ^0, n>2 
(3 >) Jèm) =1 


H——o 


Accordingly. we may get the following expansion of an FM signal: 


Sem (4) = A F J, (mp) cos(w, + nw, )t (4.4.11) 


5g = — Ci 


The Fourier transform of FM signal is: 


Seu (o) = xA >) J, Oy) [Elw — w. — nwn) + 6Cwo + e, + no) | (4.4.12) 


—oo 

The one sideband (positive frequencies) spectrum is plotted in Figure 4. 4. 4. 

The spectrum of FM signal contains a carrier component and infinite set of side 
frequencies located symmetrically on either side of the carrier at frequency separations of 


fur 2 fu» Sham 
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C, cy) 


Figure 4.4.4 One sideband spectrum of WBFM 


From the frequency domain, FM is not the frequency linear shifting of the message 
signal, so it belongs to nonlinear modulation. 

1. Transmission bandwidth of FM signals 

In theory, an FM signal contains infinite number of side frequencies. In practice, we 
find that the FM signal is effectively limited to a finite number of significant side 
frequencies fes, = fm. We may therefore specify an effective bandwidth required for the 
transmission of FM signal. 


The effective bandwidth is 


Brew = 20m; + 1) fa = ZCAf + fad (4. 4. 13) 
where zi: is the modulation index. Af is the frequency deviation. 
When m; <1, Bpy2f, (NBFM) 
When m;2^1 Brm™œ2Af (WBFM) 
The equation(4. 4. 13) relation is known as Carson's rule( 卡 条 公式 ). 
2. Average power of FM 


2 CHI CX 
According to Pa = stu (t) = E 2 Jimi) and > J? Cm) = 1, the power of FM is: 


Hy——o5 y = — 0D 


Pa = — = P. (4. 4. 14) 
The physical explanation for this property is that the envelope of an FM signal is 
constant. so the average power of such a signal dissipated across l-ohm resistor is also 
constant, 
4.4.4 Generating an FM signal 
1. Direct FM 
The carrier frequency is directly varied in accordance with the input baseband signal. 


which is readily accomplished using a voltage-controlled oscillator (VCO: EE Ue im $8). as 


shown in Figure 4. 4. 5. 


m(t) | vco | Sem(d) 


Figure 4.4.5 Direct method of generating FM 
2. Indirect FM 
The indirect method of generating a wideband FM signal is illustrated in Figure 4. 4. 6. 


The modulated signal is firstly used to produce a NBFM signal. and frequency 
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multiplications is next used to increase the frequency deviation to the desired level. The 
NBFM signal is generated by the integrator (fH ^j] 2$) and NBPM, The crystal control 


provides frequency stability. A multiplier is used to produce the desired WBFM signal. 


Baseband Narrowband Frequency FM signal 
signal Integrator phase Itipl; | 
m(t) modulator guter s(t) 


Crystal- 
controlled 
oscillator 

Figure 4.4.6 Block diagram of the indirect method of generating a wideband FM signal 
A frequency multiplier as shown in Figure 4. 4. 7, consists of a nonlinear device followed by 
a band-pass filter. The input-output relation may be expressed in the following general 
form; 
v(t) = aisC(D + ass C +o + asus" Q0) (4,4, 15) 
The input signal s(t) is an FM signal defined by: 
s(t) = A,cos| 2x f.t + 2nk; | mCOde] 


The output is: 


s(t) = A.cos| 2xnf .t T 2nnk,| mdr | 
0 


and its instantaneous frequency is 


fi (t) = nf t +nKym@) 


FM signal s(f) 
with carrier frequency Memoryless Band-pass filter 


f, and modulation nonlinear device with midband 
index frequency 7f, 


FM signal s '(f) with 
carrier frequency nf, 
and modulation 
index np 


Figure 4.4.7 Block diagram of frequency multiplier 
The nonlinear processing circuit acts as a frequency multiplier (A PI RF). 
4.4.5 Demodulation of FM signals 


1. Non-coherent demodulation (NBFM. WBFM) 
Use the frequency discriminator (214%): whose instantaneous output amplitude is 


directly proportional to the instantaneous frequency of the input FM signal. 
sFM CE) = Acos| wet +K,| (a) de | (4. 4. 16) 
The output of demodulator: 
m,(t) oc Kom GO) (4. 4. 17) 
The principle of amplitude frequency discriminator is as shown in Figure 4. 4. 8. 


The output of differentiator is 
i 


sat) =— Al w.. + Kym (D Jsin | wet 十 K| mx) dz | (4. 4. 18) 


— CX 


64 qj] 通信 原理 ( 双语 ) 简明 教程 


Output voltage | Ka 


BPF & 
Limitator 


(a) Input-output relation (b) Amplitude discriminator scheme 


“ec Input frequency 


Figure 4.4.8 Principle of amplitude discriminator 


Then detect the envelope. filter out the DC component and pass through the LPF. 
m,(t) = KyKym(@) (4. 4. 19) 
2. Coherent demodulation ( NBFM) 
The sketch map of coherent demodulation of NBFM is illustrated in Figure 4. 4. 9. 


S xnrEM(U) Si(D) | Sy(f) sat) 1 Mol 1) 


Figure 4.4.9 Coherent demodulation for NBFM 


Snprm (£) = Acosw,.t — Al K: | m(c)drz | * sinet (4. 4. 20) 
Suppose the carrier wave is 
c(t) 一 一 sinwet 
sp(t) 一 一 Ssin2wet "p E |K: | mæ dr | * (1 — cos2w,t) (4. 4. 21) 
After the low-pass filter 
s = Akf mod (4. 4. 22) 
The output of differentiator is 
mo (t) = A im) (4. 4. 23) 


4.4.6 Noise in FM receivers 


The discriminator consists of two components: 
(1) A slope network or differentiator; 


(2) An envelope detector. as shown in Figure 4. 4. 10. 


Figure 4.4.10 Model of FM receiver 
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1. Input signal-to-noise ratio 
Spm (¢t) = Acos 区 d s | m (x) de] 


S; = A’/2 
The input power of noise is; 
N; no Bry 
So the input signal to noise ratio is; 
Si A 
N:  2n Ben 


2. The output signal-to-noise ratio 
First. we assume that the signal-to-noise ratio measured at the discriminator input is 


large compared with unity. 
Because the signal and noise are independent. 
Suppose n=0, the output signal of modulator is 
m,(t) = KyKym(t) (4. 4. 24) 
S, = m.) = (K,K:)* m* () (1, ELITR 


Suppose m(t) =0. the input of demodulator are the carrier-wave and narrowband 


Gaussian noise, that is 
Acosw,t + n; (t) = Acosw,t + n. Ct2cosot — n, PD sinet 


= | A + n. (t) |cosw.t — n,(t)sinw,¢ 

= A(t)coslw,.t + d) | (4. 4. 26) 
| a a-— a n,CG) 
LA-En. GO J Hnit) and 9G) — arctan ep 


where A(t) = 
For the large SNR: Aa, (t) and A®n, (t), so the phase function is 

T NR n)  . 0, nV D TAN T 

o(t) = arctan a i arctan A (4. 4. 27) 


When x<l,arctan x— x. g(t) can be simplified as; 
| n, Ct) us o0 
(t) = = 4.4.28 
o) x ( ) 
So the output of the discriminator (see Figure 4. 4. 11) is: 
PS TR Be doelt) - Ra dn, (t) | ) 
na (t) = ka P X 4 (4. 4. 29) 
nt) nalt) 
= 
Pat) 


P(t) 


The input and output parameters of the discriminator 


Figure 4. 4. 11 
The transfer function of discriminator is the transmission characteristic of ideal 


differentiator. 
(4. 4, 30) 


| HC |? =| j2xf |? = x)? f? 
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— 2 w 
Paf) — Fi |H(f) k " pr» p Fi Car Fis | f EL es 4. 31) 


The output noise power is 


pP. . . B zou zu d 
N, = | " Pigg mds (4. 4. 32) 
E 


7 3A’ 
The output SNR is 
So  3A°R? m' (D 
N Bir" n, Fe, 
Suppose m(t)=coswmt (single-tone demodulation). the modulation system gain is 


E a / N, ur 3 2 Bem 


(4. 4. 33) 


Gg, = S/N. PR F. (4. 4. 34) 
For WBFM system, the anti-noise performance is; 
Gem = 3m; Gn; + 1) GL 4. 35) 
When m1: 
[as — D (4. 4. 38) 


Second. when the signal-to-noise ratio is small in FM receiver. there is a phenomenon 
called threshold effect. as can ben seen in Figure 4. 4. 12. 


When the input signal to noise ratio is below a certain threshold. the output of 


Se。 急剧 


demodulator decreases significantly | A, 34 I 低 于 某 个 门限 时 , 解 调 后 输出 的 N 


EA. | 


(So'No)Fm dB 


0 5 10 [5 20 
(S/Nj))gw dB 


Figure 4.4.12 Dependence of output SNR on input SNR for FM receiver 


4.5 Frequency-division multiplexing $a 2T S RI) 


The technique of separating the signals in frequency is referred to as frequency- 


division multiplexing (FDM), whereas the technique of separating the signals in time is 
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called time-division multiplexing (TDM). In this section, we discuss the FDM systems, 


the block diagram is shown in Figure 4. 5. 1. and TDM systems will be discussed in next 


chapter. 
Message Low-pass Band-pass Band-pass Low-pass Message 
inputs filters Modulators filters filters  Demodulators filters ^ outputs 


l 


2 - | 
Common 
channel 


Carrier 
supply 


Transmitter Receiver 


Figure 4.5.1 Block diagram of the FDM system 


oummary and discussion 


Continuous wave modulation is briefly studied in this chapter. This analog form 
modulation uses a sinusoidal carrier whose amplitude or angle is varied in accordance with 
a message signal. It is classified in two categories: linear modulation and nonlinear 
modulation. 

Linear modulation is also called amplitude modulation. which the frequency is the 
displacement of the modulated signal (AM&DSB). or the filtering out of unnecessary 
frequency components after displacement (SSB& VSB). The bandwidth range is from B to 
2B according to the different types. 

Nonlinear modulation is also called angle modulation. It includes the FM and PM, 
which their frequencies are quite different from the modulated signal. appearing new 
frequency components. Hence, the bandwidth of the modulated signal increases 
considerably. The Carson's rule is used to calculate the bandwidth: 

Bem = 20m; + 1) fm = 2C€Af + fm) 

Modulation system gain G is defined to give the anti-noise comparison of different 
modulations. Angular modulated signal has stronger anti-jamming ability at the expense of 
an excessive transmission bandwidth. compared with the linear modulation, and is 
especially suitable for transmission in the fading channel. 

The model of each modulation and demodulation should be understood and 


remembered. including the coherent and non-coherent demodulations: especially the 
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differences of AM, DSB. SSB and VSB, the comparisons between AM and NBFM. 
Threshold effects occur in AM and FM non-coherent demodulation systems. Try to 
understand it. 

Fill in the following Table 4. 1 to understand these modulations from time-domain, 
frequency domain expressions, bandwidth and anti-noise performance. 

Based on the analog modulation principle. frequency-division multiplexing (FDM) 


technology is adopted widely in the multi-channel carrier telephone systems. 


Table 4.1 The comparisons of different modulation methods 


TETEN S.C) eer G 


Mm || | 


Homework (part 2) 


4.5 Let the expression of an angular modulated signal be 
s(t) = 10cos| 2 X 10° xt + 10cos20007t | 
Find: (1) the maximum frequency deviation of the modulated signal. 
(2) the maximum phase deviation of the modulated signal. 


(3) the bandwidth of the modulated signal. 


Terminologies 

convolution 卷 积 FDM 频 分 复 用 
complementary symmetry 互补 对 称 TDM 时 分 复 用 
modulation 调制 AM 调幅 
demodulation 解 调 DSB 双边 市 调制 
modulation system gain 调制 系统 增益 SSB 单 边 市 调制 
reversals 5 TH VSB 残留 边 市 调制 
Carson’s rule FHAA VCO JE FE Die 1H Ait 
Synchronized 同步 FM 调频 
threshold effect 门限 效应 PM 调 相 
carrier wave 载波 NBFM 军 市 调频 


modulated signal 已 调 信 号 WBFM Ha rH Hal il 


Pulse modulation 
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In Chapter 4, some parameters of a sinusoidal carrier wave are varied continuously in 
accordance with the message signal. In this chapter: some parameters of a pulse train are 
varied in accordance with the message signal. The carrier wave is a pulse. which is 
different from CW modulation. 

The following issues will be discussed: 

* Sampling, which is basic to all forms of pulse modulation. 

* Pulse amplitude modulation (PAM; 脉冲 幅度 调制 ) (In discrete amplitude form). 

e Quantization (量化 )，after the process of sampling. in discrete form in both 

amplitude and time. 

e Pulse-code modulation PCM: 脉冲 编码 调制 )，which is the standard method for 

the transmission of an analog message signal by digital means. 

* TDM (时 分 复 用 ). 

* Delta modulation(A 调制 / 增 量 调制 ). 

Differential pulse-code modulation(DPCM 差分 脉冲 编码 调制 ). 


9.1 Sampling process 


The process of digitizing an analog signal is illustrated in Figure 5. 1. 1. There are three main 


steps in the process of digitizing an analog signal; sampling. quantization and encoding. 


Figure 5.1.1 The process of digitizing an analog signal 


Analog signal Digital signal 


— Sam oe 


1. The sampling theorem (the sampling of low-pass analog signals) 

If the highest frequency of a continuous analog signal s(t) is less than fy. and if it is 
sampled by periodic impulses with interval time T=1/2f,. then s(t) can be completely 
decided by these samples.as shown in Figure 5. 1. 2. 

The ideal form of sampling process is called instantaneous sampling (BEIT KE). T, is 

Eu d4 ! 
T. is the sampling rate. 


The derived process is in the following Table 5. 1. 1: let the spectra of m(t), r(t) 


the sampling period. and f,= 


and m,(£) be expressed by MCf2.Ag Cf) and M,(f). If the sampling frequency is lower 
than 2f4. the adjacent spectra will be superposed ( Œ #), hence the original signal 
spectrum M( f) could not be separated correctly by LPF at the receiver. 

Table 5.1.1 The derivation of sampling process 


m) M(f) 


84 (D —8(—nT.) Aq Cf? = Oa 


mm —o 


m,G) m) * 8. (D M,(f) = MP * ACD = = MC — nf) 
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(a) Time domain (b) Frequency domain 


Figure 5.1.2 Sampling process 


From Figure 5. 1. 2. the condition of restoration of original signal is f, =2fu. The 
lowest sampling frequency 2fy is called Nyquist sampling rate( 奈 奎 斯 特 采 样 速率 ). The 
corresponding largest sampling time interval is called Nyquist sampling interval CZ& £ Br 
ATE IRI BR. 

2. The sampling of band-pass analog signals 

The frequency band of band-pass signals is limited between fi and fy. B= fg — fi is 
the bandwidth of the analog signal. Here: we only give the result. The sampling 


frequency f, can be written as: 
£ = 28 + ?2KB — 2p(1 +4) (5. 1. 1) 
n i 


where n is the largest integer (整数 ) less than fu/B.0-R-— 1. The relation between f, and 


fi is shown in the below Figure 5. 1. 3. 


0 B 2B 3B AB SB 6B A 


Figure 5.1.3 The relation between f. and fL 


When fi-—0.fg =2B, this is the sampling condition for the low pass filter. 
When f,-»0.f,—2D. the signal is a narrow-band signal. 
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5.2 Analog pulse modulation (48 FA Rak =f Wal Ai) ) 


There are three parameters of pulse: amplitude, width (duration) and position. 
Therefore. we can get three different pulse modulations; PAM (Pulse amplitude 
modulation), PDM (Pulse duration modulation) and PPM (Pulse position modulation) . as 
shown In Figure 5. 2. 1. 

Although these modulations are discrete in time, they are still analog modulations. In 
order to convert an analog signal to a digital signal. quantizer should be used in the next 


step. 


(a) Message signal 


(b) PAM 


(c) PDM 


(d) PPM 
Figure 5.2.1 Three types pulse modulation 
In this part. the PAM is introduced in detail. There are two types PAM; natural 
sampling € H #3 TE) and flat-top sampling CE BUE TE). 
1. Natural sampling PAM ( Bi AFH) 


As can be seen from Figure 5. 2. 2. the top of each pulse is natural. 


—b —rr p I Er SP Y 


Figure 5.2.2 Natural sampling PAM 


The differences between sampling and PAM is the period signal s(t), which is the 
period pulses. 
According to 
mi LE) — walt) SE) 
Its corresponding Fourier transform is 


M.(fo= MC fo * SCP) 
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= = > sinc (ant f 4,2MCf — 2 fy) 


Because the carrier wave is periodic rectangular pulses, the envelope of M,(f) is the 


H—-—c 


sinc function. The original signal M( f) can be recovered/reconstructed when M, f) passes 


through a LPF at the receiver (see Figure 5. 2. 3). 


m(t) M( f) 


T 2r 3f 


Figure 5.2.3 The waveform and spectrum of PAM 


2. Flat-top sampling PAM GE Jatt) 
The top of PAM is flat. as shown in Figure 5. 2. 4. 


Figure 5.2.4  Flat-top sampling PAM 


There are two operations involved in the generation of the PAM signal. as shown in 
Figure 5. Z. 5. 

(1) Instantaneous sampling (BET 3 f£). 

The sampling rate f, is chosed in accordance with the sampling theorem. 

(2) Lengthening (保持 ) the duration of each sample so obtained to some constant 


value T. 
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mt) my(t) 
m(t) — -(X)——- Hf) 
| MA f) EN. 


ôr (t) 
Figure 5.2.5 The principle of PAM 


Where 


2 * 
0. otherwise 
H(f) = TsincCf TDexpC— jx f T) 


In Table 5. 2. 1, the comparisons between time and frequency domain equations 


are given 
Table 5.2.1 The derivation of PAM 


Time domain Frequency domain 


m,(t) = mGO «100 = >) mGTO * 8t — nT.) |M = MODO * ACD = f. 2, MCf nf 


=o 


Hus 一 所 


mu (D m,G * h) Mu(f) = M.(f) H = f, >) MCf — nf) HP) 


The problem is how to recover the original message signal m(t). The first step is that 
my(t) passes through a LPF. The spectrum of LPF output is equal to M ( f) H(f). 
Obviously, there is frequency distortion because of H (f). This distortion may be 
corrected by connecting an equalizer in cascade ($H) with the low pass filter (LPF). as 


Reconstruction ' 
ae Equalizer 
filter 


Figure 5.2.6 The reconstruction of message signal 


shown in Figure 5. 2. 6. 
PAM Message 
signal signal 


M(Cf Xf) 


The magnitude response of the equalizer is given by 


1 1 u xf 


| HOD | | TsincCfT) | sin(xfT) 
For a duty cycle( 4 zx EO T/ T, x0. 1, the amplitude distortion is less than 0.5%, in 


which case the need for equalization may be omitted altogether. 
5.3 Quantization process (= fL. 33: f£) of sampled signal 


Amplitude quantization: the process of transforming the sample amplitude m(kT) of a 


message signal m(t) at time t=kT into a discrete amplitude m,(kT) taken from a finite set 
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of possible amplitudes( 有 限 个 可 能 的 取 值 ). An example of quantization process is shown 


in Figure 5. 3. 1. 


Practical value 


Quantized value 


qs ae ) Quantization error 


e — Practical value 


9 — Quantized value 
Figure 5.3.1 The quantization process 


m RT) expresses the sampled signal input to a quantizer, m, (kT) expresses the 


quantized value of the output signal of this quantizer, as shown in Figure 5. 3. 2. 


Figure 5.3.2 Quantizer 


gi ~q; are 6 possible levels of the quantized signal; 
m;-^-ms are the boundary points of the quantization intervals. 
mT) = qi, mi; mT) x. m; (5. 3 1 
In this example. M intervals are with equal space. so it is called uniform quantization 
(fy “J Œ f55. If the M intervals are with unequal spaces. it is called nonuniform 


quantization (JEJ 5t 45) . which is based on the uniform quantization. 


Nonuniform quantization’ uniform quantization 


5.3.1 Uniform quantization (均匀 量化 ) 
Assume the magnitudes of the sampled signal is within a — b, and the number of 


"M" ; TN pem b—a . 
quantization levels is M. so the quantization interval (量化 间隔 ) is Ar 一 下 7 (also called 


step-size: 步 长 ), and the boundary points of the quantization intervals are m; —a-- iAv.i— 
0.]1.-*** „M. 

Obviously, quantized output m, is different from signal sample before quantization 
my» there is an error of quantizer. This error is usually called quantization noise Cft 4L Ie 
Fa) and signal power to quantization noise power ratio Cfri 5 HH EK) is used for estimating 
the influence of the error to the signal. 


The average value N, of the quantized noise power for uniform quantization can be 
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expressed by 
^ "b r ^ r ^ 
N,= [Gu —m,)* ] = | (my, — m4) f ám) dm, 


M 


一 X Onk — qi)” f my dmy, 5 x m 
i=] " il 
where f(m,) is the probability density of signal sample m, 
mM; — d + iv 
qi = at idv— > (5. 3. 3) 


The average power of signal m, can be expressed as 
*b 
"cB = | mi, f (amy) dm, (5. 3. D 
Example 5. 3. 1: Assume the number of quantization levels for a uniform quantizer is 
M. and the sample of the input signal has uniform probability density in the interval 
| —a.a]. Find the average signal to quantization noise ratio for the quantizer. 


Solution: From equation(5. 3. 22. we can get 


Me E aks ! 
N,= >| (my — qi)? fm) dm = >| (my — gi)’ (a. Jam, 


i—]" Pi i—1" ™ 
Ean “—atiðv 2 

= > | (m Fait +) . PII 
—3 4 eH) dy 2 2a 

E > (+): (4¥) MCA)? 
T Au » be 24a 

According to M * Av=2a, so the quantization noise power is 
| (A)? 
N, = 12 


The average power of signal is 


So = | mi( gy Jam = M «(Ay 
T. 2a 


12 
The the average signal to quantization noise ratio is: 
5 5 " 
— = M or 一 | = 201lgM(dB) 
N, IN. dB 


ET | | n i 
NL iS increasing along with the increasing of number M. That is to say when the 
w 


signal is small, signal to quantization noise ratio is also small. For the speech signal, there 
are lots of small components. To overcome this disadvantage, the nonuniform quantization 


is often used in practical applications. 
5.3.2 Nonuniform quantization 


A nonuniform quantizer is equivalent to passing the sampled signal through a 
compressor and then applying the compressed signal to a uniform quantizer, as illustrated 


in Figure 5. 3. 3. 
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Figure 5.3.3 The equivalent process of nonuniform quantizer 


Compression uses a nonlinear circuit to convert input voltage x to output voltage y: 
y = f(x) 
where x has nonuniform scale and y has uniform scale. 
Theoretically, f(x) should be a logarithm OS 4) function. f(x) needs to be properly 
modified in different requirements of the practical condition. There are two ITU 
recommended logarithm compression laws (XF A Jk 49 @ HK): A-law and p-law. for 


telephone signal. The logarithm laws are give in Table 5. 3. 1. 


Table 5.3.1 Logarithm compression laws 


A-law p-law 

Ax 1 
————. 0 一 zx 过 一 

PE uA BE _ In(1+ p) 

| 1 十 lnAr 1 <] ~~ Indi +z) 
I-lnA' A ^*^ 

13 segments 15 segments 

El: China & European countries T1: North American. Japan and Korea 


A-law 13 segments method: A-law compression is a continuous smooth curve. It is 
difficult to be accurately achieved by electronic circuit, while the 13 segments method can 


be easily achieved by digital circuit approximately, which is plotted in Figure 5. 3. 4. 


i 


1/32 
Figure 5.3.4 A-law 13 segments 
In Table 5. 3. 2, the slope of each segment is given. As can be seen, the first and 
second segments have the same slope. 


Table 5.3.2 Slope of each segment 


No.( 折 线段 号 ) 
slope( Rl A) 
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Why we called it 13 segments? 

The input voltage of speech signal has positive and negative polarities. So the 
above compression curve is only one half of the practical characteristic curve of the 
compressor. There is another half in the 37 quadrant (BR). so the curve is odd 
symmetry to the origin (关于 原点 奇 对 称 ). 


The slopes of the 1* and 2™ segments in 1* quadrant and 3™ quadrant are the 


same. These 4 segments compose a straight line. Therefore, it is called 13 segments. 


Signal after quantization is a digital signal with discrete values. The next step is how 


to encode these discrete values. 


5.4 PCM(Pulse code modulation. Ak} 4a 15 val 5] ) 


PCM is the most basic form of digital pulse modulation. 

PCM: a message signal is represented by a sequence of coded pulses which is 
accomplished by representing the signal in discrete form in both time and amplitude( PCM 
Aa WS Je H5) fri n E ERST TR] URL BEY BUB ABE S AY). 

The most often used code is to use the binary symbols representing discrete values: 
such as 0 and 1. The basic operations performed in the transmitter of a PCM system are 
sampling, quantizing and encoding. as illustrated in Figure 5. 4. 1. The quantizing and 
encoding operations are usually performed in the same circuits which is called an analog-to- 
digital converter(A/D fff 2x). The basic operations in the receiver is the regeneration of 


the message signals; decoding and reconstruction. 


Figure 5.4.1 The PCM process 


5.4.1 The principle of PCM 


There are 8 bits in PCM code word (fij ). which can satisfy the speech 

communication quality. 
; + * C1 =] 

ci 一 the polarity bit( 极 性 位 ) | 

C2€3C4— segment bits( EZ 7A 44): 000—111; 

C5CgCzCg —dnner-segment bits ( Ez W m5): 000 ~ 1111 (16 inner-segments in each 
segment). 

Inner-segment bits are uniformly encoded according to quantization intervals. but 
quantization intervals of different segments are different. 


Among these 8 segments, the lengths of 1* and 2™ segments are the shortest 1/128, 
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and slopes of them are the largest. after it is equally divided into 16 sub-segments, the 
each sub-segment equals; 


a. a 
128 16 #2048 
which is called the smallest quantization interval( 最 小 量化 间隔 ). 


A 


If uniform quantization is used to keep the same dynamic range 1/2048, then 11 bits 
code word is necessary. 

While for the PCM systems, only 7 bits (A. ETE) are used. which embody the 
advantage of nonuniform quantization. 

The typical sampling rate of telephone signal is 8kHz (Z2 X 3. 4kHz). Thus the 
typical transmission bit rate of digital telephone is 64kb/s in PCM system. This rate has 
been adopted by ITU-T recommendation. 

Example 5. 4. 1: Using A-law 13 segments encoding, if the sampling value is +1270, 
find the output of PCM encoder and the quantization error. 

Answer: (1) First. since 4-712700, the polarity bit c; =l; 

(2) Second, 1270 is in the 8"segment, so ccc = 111; 

(3) Finally. determine which inner-segment 1270 is in. There are usually two 
methods. One is the successive comparison (ØK HEE). Another one is direct calculation. 


The 8* segment is plotted in Figure 5. 4. 2. 


! | 7 | 
1024 11521216 11280 1536 2048 
Sampling value 
1270 


Figure 5.4.2 The quantization interval of 8" segment 


Successive comparisons: 
1270 < 1536, cs, =0 
1270 < 1280 cs = 0 
1270 > 1192 cp = 1 
1270 > 1216 cg = 1 
Direct calculation: 
inner-segment quantization interval is (2018—1024)/16=64; 
Since (1270—1024)/64~3. 8, the inner segment coding is cscec7cg — 0011. 
Quantization error is: 1270—(1216+1280) /2=22A. 


Therefore, the output of PCM encoder is 11110011 and the quantization error is 22A. 


5.4.2 Noise in PCM system 


The derivation signal to quantization noise ratio of the uniform quantizer has been 
discussed in section 5. 3. 1. 


S/N, =M 
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When N bits binary code word is used for encoding, the above equation can be written 

as 
S/N, = 2% (M= 2%) 
This equation shows that S/N, of PCM system is only related to N and increases with N 
exponentially. For a low-pass signal, the sampling rate should be no less than 2 Fa so in 
the PCM system, this is equivalent to not less than 2Nfyb/s. The system bandwidth is at 
least B= N fu. 
S/N, - UB fy? 
The S/N, of PCM system increases with the bandwidth B exponentially. 


5.4.3 Delta modulation ( 增 量 调制 |) 


1. Principle 

DM or AM provides a staircase approximation to the over-sampled (i. e. ,at a rate 
much higher than the Nyquist rate) version of the message signal. as illustrated in 
Figure 5. 4. 3. 
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Figure 5.4.3 The waveform of DM 


The difference between the input and the approximation is quantized into only two 
levels, namely, ŁA, corresponding to positive and negative differences. 

If the approximation falls below the signal at any sampling epoch, it is increased by 
A. If the approximation lies above the signal. it is diminished by A. 

The principal (主要 的 )virtue of delta modulation is its simplicity. It may be generated 
by applying the sampled version of the incoming message signal to a modulator that 
involves a comparator (E $E), quantizer and accumulator interconnected as shown in 
Figure 5. 4. 4. The block labeled zx inside the accumulator represents a unit delay, that 
is. a delay equal to one sampling period. 

The basic principle of A modulation is in the following: 

e| n| = min|— mn — ] | 
e, = Asgn| eG) | 
miin] = mqn—1]-elnJ 
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Comparator 


Sampled + One-bit DM 
message signal — —( ) quantizer | Encoder — 
min| 
ma[n-1 | 
————— ee 
| | 
| I 
| | 
| I 
| | 
| | 
| | 
| | 
| 
| mln | 
PEE J 


Accumulator 


(a) Transmitter 


DO Ne RN ei q 
rea or Low-pass . Reconstructed 
"uiu filter message signal 


Accumulator 


(b) Receiver 


Figure 5.4.4 DM system 
The quantizer output ma | n] is coded to produce the DM signal. The rate of 


information transmission is simply equal to the sampling rate f, =-= 


T^ 
2. Quantization error 
There are two types of quantization error; slope overload distortion and granular noise 
(see in Figure 5. 4. 5). 


Granular noise 


Slope-overload 
distortion 


mt) 


Staircase 
approximation 
mát) 


Figure 5.4.5 Two different forms of quantization error 


If considered the maximum slope of the original input waveform m(t), it is clear that 
in order for the sequence of samples (m4|7 |) to increase as fast as the input sequence of 


samples {m| n |) in a region of maximum slope of m(t), we require that the following condition: 


dm (t) 
dt 


be satisfied. Otherwise, we find the step-size A is too small for the staircase approximation 


m,(t). In contrast to slope-overloaded distortion, granular noise is analogous (类 似 ) to 
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quantization noise in a PCM system. 
5.4.4 DPCM (Differential pulse code modulation ,差分 脉冲 调制 ) 


When a voice or video signal exhibits a high degree of correlation between adjacent samples 
(邻近 的 采样 ) the resulting PCM encoded signal will contain redundant information (AFB). 
In order to remove this redundancy before encoding, we use a more efficient coded 


signal, which is the basic idea of DPCM, as shown in Figure 5. 4. 6. 


Comparator " | 
Sampled e[n] , DPCM 
input 一 一 一 =| Encoder " ween 
m|n| ( 
mln] 
Prediction 
filter 
(a) Transmitter 
Input —»-| Decoder — Output 


Prediction 
filter 


(b) Receiver 


Figure 5.4.6 DPCM system 


The input signal of the DPCM quantizer is 
e| n] = min] — min] 
where m| n | is the unquantized sample signal and m| n | is the prediction of m | n]. 
The relationship between the output and input of the predictor is 


m= >am, (REAR) 


i=1 
where p is the prediction order and a; is the prediction coefficient (系数 ). The predicted 
value is the weighted sum of previous p samples of the signal with quantization error. 

If p—1.a, —1 then m=m,_,. The predictor is simply a delay circuit. and the delay 
time is sampling interval T. If the quantizer is one-bit (two-level) ,the DPCM is AM.i1, e. 
AM is the special case of DPCM. 


5.5 TDM (Time-Division Multiplexing. E] y & Fl) 


The concept of TDM is shown in Figure 5. 5. 1. Each input message signal is first 


restricted in a low-pass anti-aliasing filter. The functions of each part are described below. 
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2 LPF | modulator channel | demodulator | LPF 2 

^ i 
b ™ Re a 2 y" = | : 
N LPF Commutator | Decommutator LPE — 


Clock pulses Clock pulses 
Figure 5.5.1 Block diagram of TDM system 


LPF: restricts each input message in bandwidth and removes the nonessential 
frequencies. 

Commutator (4% [5] 45): which is usually implemented using electronic switching circuitry. 
The function is to sequentially interleave these N samples inside. The sampling interval is 
T. It is the essence of TDM operation. 

Pulse operator: transform the multiplexed signal into a form suitable for transmission 
over the common channel. 

Pulse Demodulator: the reverse operation of pulse modulator. 

Decommutator; operates in synchronism (同步 ) with commutator in the transmitter. 

The multiplexing of digital signals is accomplished by using a bit-by-bit interleaving 
procedure with a selector switch that sequentially takes a bit from each incoming line and 
then applies it to the high-speed common line. At the receiving end of the system the 
output of this common line is separated out into its low-speed individual components and 


then delivered to their respective destination. as plotted in Figure 5. 5. 2. 


0) T 2T 3T AT 1 
Sampling of pl?) 


TIN T-T/N 2T+T/N 37T+T/N 
Sampling of (1) 


0 T 2T 3T 4T Í 
Ls- ] frame 


Sampling at the rotary switch 


Figure 5.5.2 Principle of TDM 
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Summary and discussion 


In this chapter, we introduced the process of analog signal digitization; sampling, 
quantization and coding. 

(1) Sampling. which operates in the time domain; the sampling process is the link 
between an analog waveform and its discrete-time representation, which also is an analog 
signal in amplitude. 

(2) Quantization. which operates in the amplitude domain; the quantization process is 
the link between an analog waveform and its discrete-amplitude representation. 

(3) Coding. which operates in both time and amplitude domain, coding process is the 
link between discrete-amplitude and binary representation. 

The sampling process is based on the sampling theorem, which states that when an 
analog signal with frequency band within (0. fy) is sampled. the lowest sampling rate 
should not be less than Nyquist sampling rate 2fy. The sampled signal may be converted 
to different analog pulse modulation signals, including PAM, PDM and PPM. In TDM of 
several channels. signal processing usually begins with PAM. In order to make full use of 
the time interval of each sampling point, TDM is designed and applied in speech 
communication system. 

There are two methods for the quantization of a sampled signal, one is uniform 
quantization, another one is non-uniform quantization. Non-uniform quantization is 
usually applied in speech signal with the logarithm characteristic recommended by ITU-T. 
i.e. » A-law and p-law; which may effectively improve signal to quantization noise ratio; 
especially the small amplitude signal. European countries and China adopt A-law; North 
American countries and Japan as well as other counties and areas adopt p-law. 13 segment and 
15 segment methods are applied in digital circuits to achieve the A-law and p-law quantization. 

Signal after quantization is already a digital signal. Encoding methods. such as PCM. 
DPCM and AM, are usually used to convert a quantized signal into a binary signal. This 
process is lossy in the sense that some information is lost, but the loss of information is 
under the designer’s control in that it can be made small enough. 

The signal to quantization ratio of PCM system increases with the bandwidth B 
exponentially, while the analog modulation increases linearly. That is why PCM and its 


improved coding are widely used. 
Homework 


5.1 Suppose the spectrum of a message signal m(t) is M( f) .its expression is 


MF " 


0, otherwise 
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(1) If the sampling rate is 300Hz, try to draw the spectrum of the sampled signal 
mm, (t) ; 

(2) If the sampling rate is 400Hz. try to re-draw it. 

9.2 Using A-law 13 segment encoding, if the sampling value is 635, find the output 
of PCM encoder. 

5.3 Suppose the message signal is m(t)=9+Acoswt, where AX10V. If m(t) is 


quantized to 40 levels, try to find the number of binary bits and the quantization intervals. 


Terminologies 

sampling 采样 commutator fi [n] Hit 

quantizing 量化 PCM 脉冲 编码 调制 
encoding 编码 DPCM 差分 脉冲 编码 调制 
uniform quantization 均匀 量化 AM 曾 量 调制 
non-uniform quantization JER) atk PAM 脉冲 幅度 调制 
quantization noise fet fL I gn PDM 脉冲 宽度 调制 
equalizer T3 ffr ai PPM 脉冲 位 置 调制 


compressor FR AR ae TDM 时 分 复 用 


ission 
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In this chapter, we study the transmission of digital data over a baseband channel, 
with emphasis on the following content; 

* Waveform and representation of baseband digital signals. 

* Symbol Code types of baseband digital signal, mainly discuss AMI code and HDB, 
code. 

* Matched filter (匹配 滤波 ), which is the optimum system for detecting a known 
signal in additive white Gaussian noise. 

* Discuss the bit error rate (iX 7424) of unipolar and bipolar baseband systems. 

* Intersymbol interference (ISI 45 [B] $ è), which arises when the channel is 
dispersive as is commonly the case in practice. 

* Nyquist's criterion CZ Z& Hipp ife WD). 
Nyquist's criterion | ; the transfer characteristic of no intersymbol interference. 
Nyquist’s criterion Il : partial response system (部 分 啊 应 系统 ). 

* Eye patternCHR AY). 


6.1 Waveform and frequency characteristics of baseband 
digital signal 
Binary signals are denoted by 0 and 1. Rectangular voltage pulse is usually used as the 


waveform. The waveform of baseband digital signal is also called unmodulated digital 


signal. 
6.1.1 Waveform of baseband digital signal 


Waveform can be used for the electrical representation of a binary data stream. Figure 6. 1. 1 


displays the waveforms of five important line codes for the example data stream 0 10110001. 


Unipolar NRZ 4 l l l | 
0 
A 
Polar NRZ 
—A 
Unipolar RZ A | fT] fifi] FL. 
0) 
A 
Polar RZ 
—A 
Differential code l 1 l l | | 
() () 0 


Figure 6.1.1 Waveform of baseband signals 
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1. Unipolar nonreturn-to-zero (NRZ)signaling( 单 极 性 不 归 零 ) 

Symbol 1 is represented by transmitting a pulse of amplitude A for the duration of the 
symbol, and 0 is represented by switching off the pulse. This code is also referred to as 
on-off signaling. 

2. Polar nonreturn-to-zero (NRZ) signaling( 双 极 性 不 归 零 ) 

Symbol 1 and 0 are represented by transmitting pulses of amplitudes +A and — A. 
respectively. 

3. Unipolar return-to-zero (RZ) signaling 5& £& ft U3 =) 

Symbol 1 is represented by a rectangular pulse of amplitude A and half-symbol width. 
and symbol 0 is represented by transmitting no pulse. 

4. Bipolar return-to-zero (BRZ) signaling XX $& T£ IAS) 

Both 1 and 0 have half-symbol width. One is positive and another is negative. 

5. Differential encoding( 差 分 编码 ) 

A transition is used to designate symbol 1 in the coming binary data stream, while no 
transition is used to designate symbol 0. 

As can be seen from the above figure, when 1 appears, the voltage jumps; when 0 


appears. the voltage doesn’t change. Of course. the rule may be reversed. 
6.1.2 Symbol code types of baseband digital signals for transmission 


The waveform of original digital signal has been discussed. In order to adapt to 
transmission in the channel. the symbol code types of these waveforms should be 
converted. Some requirements on the symbol code types are as follows: 

* No D.C. component (无 耳 流 分 量 )and few low frequency components; 

* Containing timing information( 含 有 定时 信息 ); 

* Certain error-detecting ability; 

e Suitable for various information sources( 能 适应 信 源 的 变化 ); 

* Simplicity of encoding and decoding( 编 详 人 码 人 简单 ). 


Here, three code types for transmission are introduced. 


1. AMI code 
Message symbol: 0 l 0 ] ] 0 0 0 l 
AMI code; 0 "EJ 0 —1 +1 0 0 0 


Coding rule; 1 in message symbol will be converted into +1 and —1 alternatively; 0 
will keep 0. Because +1 and — 1 appear alternatively, there is no D. C. component. Its 
decoding circuit is very simple. Disadvantage: when a long string of 0 appears. it is 
difficult to get timing information. HDB; code can overcome this disadvantage. 

2. HDB; (the 3™ order High Density Bipolar code: 三 阶 高 密度 双 极 性 码 ) 

Message symbol 1 0 0 0 0 1 0 O 0 0 ] 1l] 0 0 0 0 ] 
AMI code Tl " 45 B 0 —1 0 0 O0 B rie) 9 B p B eril 


HDB, code +1 [p 0 0 4V|-1 [p 0 0 -V| +1ı-ı[FB 9 9 Fi 
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Coding rule; 

(1) When there are no more than 4 (not including 4) continuous 0s, no change will be 
made, AMI is HDB; code. 

(2) When there are more than 4 continuous 0s, the fourth 0 will be converted into a 
symbol which has the same polarity of the previous nonzero symbol. This symbol is called 
violation symbol (破坏 码 ). The requirement of adjacent Vs is “polarity alternatively 
inverse (AR PEC)”. 

(3) If (2) can not be satisfied, use “regulating impulse] Kg" B, the sign of B 
is the inverse of the previous nonzero symbol. 

The decoding of HDB; is simple: V and its previous 3 continuous symbols must be 
continuous Os. then 4 continuous Os may be restored. 

3. Manchester coding( & 79) Bf 45%) 

Its coding rule is that each binary symbol is converted into a period of square wave 
with different phases. Advantages of this code is: no D. C. component; a lot of timing 
information; simple coding method. The disadvantage is that it occupied double frequency 
band. 

Message symbol Ll 1 O OÖ 1 0 1] 

Manchester coding 10 10 01 OL 10 O01 10 


6.1.3 Frequency characteristic 


Assume the signal pulse is rectangular and a sign single pulse is g(t), the frequency 
characteristic (PSD) of a random binary signal sequence will be discussed. 

Symbols 0 and 1 can be represented by g(t) and g(t), with occurring probabilities 
P and 1— P, then signal sequence s(t) can be expressed by 


Cx 


st) = >) s,@) (6.1.1) 


where 

| gı(t—nT) probability P 
ee S gs(t—nT) probability (1 — P) 

s(t) can be regarded as the combination of a stationary wave v. (t) (fa zx UE) and an 


alternating wave u. (t) (264 TR D. 


s(t) = v GO) + uL CO) (5. 1. 2) 
The PSD of v(t) is 
PEEL x | fe [PGi (mf) + A — P)G2 (mf 2] |8Cf — mf.) Amis (6.1.3) 


where Gi nf.) = | | gi(De "dr; G,mf.) = | [up (De mAd ON i = = T is the 


symbol width (iJ 75 ti EE). 
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The PSD of u(t) is 
PL.) = fepA—-DIG(ND—-G.(fP |? 一 连续 谱 (6.1.4) 
So the PSD of s(t) is 


FECI) =PAPDPT EAST) (6. 1.5) 
Example 6. 1. 1; Suppose the pulse is rectangular, try to get the spectrum of unipolar 
( 单 极 性 ) NRZ and RZ. 
Solution; Suppose gı (t) = 0,g; (t) = g(t).then substitute them into the following 
formula 


P.(f) =P, N+P, A = f,Pa— P) Gi GA + 


CX 


2 | fs, LPG, (mf) + A — PG (mf D] |?8C f£ — mf,) 


We can get the PSD of unipolar signal is 
P.C = APA- P)|GCO|* + >) | a— PGGif) |*6€f — mf.) 


When P=1/2, 


Pf) = + 


LIÉ = |GOnf .) |*6Cf — mf.) 


(1) If the unipolar is NRZ, the time domain and frequency domain of g(t) is 


m. jet sinx/T, 
g(t) = | 2 and G(f) = 7,( S25" ]- T Satay 1.) 
, EFI... 
(0. otherwise 


So the PSD is 


Pop = tre d ~6(f) = 


TOP 
(2) If the unipolar is RZ (duty cycle is 50%), the MR domain of g(t) is 
Gf) = As (ELT: 


The PSD is as follows: 


P, fP) = 


Es 2d xu ew u 
T e| > L3 sa óCf —mf,) 


g—--co 


According to the above equation. the PSD can be plotted in Figure 6. 1. 2. 


Unipolar(P=1/2) 


Solid line 
Dotted line 


Figure 6.1.2 The PSD of NRZ and RZ(for unipolar) 
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Example 6. 1.2: Suppose the pulse is rectangular. try to get the spectrum of bipolar 
( 双 极 性 ) NRZ and RZ. 
Solution; Suppose gı (2) — — g(t)=g(t), then according to the following formula 
P,(f) =P, P +P, = f.PG—P) |G — G|? + 


Cx 


2 | fsL PGi (nf) + A — P)Gs Gnf 2 ]|*8C — mf.) 


mn-—-—o 


we can get 


P.C =4fPA— P) |GCO|* - Dd, | f.(GP DGGnf) |*8Cf — mf.) 


When P—1/2. 
P.C) = f.|GCP |? 
(1) If the bipolar is NRZ, P.P =T,Sa’ (x fT, ) 
(2) If the bipolar is RZ (duty ratio is 50%),P,(f) = t Sa* [E55] 


The PSD can be plotted in the following Figure 6. 1. 3. 


Bipolar(P=1/2) 


Solid line———NRZ 
Dotted line 


RZ 


Figure 6.1.3 The PSD of NRZ and RZ(for bipolar) 


6.2 Matched filter 


The main index of digital communication performance is error probability. Therefore. 
it is appropriate to set the minimum error probability as the criterion for being "optimum". 


Here we only discuss the LTI (linear time-invariant) system. as shown in Figure 6. 2. 1. 


Signal V(t) SN XT) 
x Sample at 
time t=T 


n(t) 


Figure 6.2. 1 Linear receiver 


The filter input x(t) consists of a pulse signal s(t) and additive channel noise n7). as 
shown by 
z@) =st)t+nG) Ox:zmT iG. 2.13 
where T is an arbitrary observation interval. 


The spectral density function of the incoming symbol s(t) is SC f). 
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The double-side power spectral density of the noise n(t) is P.C — S. 


Since the filter is linear. the output y(t) may be expressed as 
yG) = s(t) +n, O) Cho 2 0) 
where s, (t) = | HIDS e df, 
The output noise power spectral density is 
P, (f) —H'ODHCO* RAO = HOO Pp (6233) 
So the output noise power N, equals to 


N, = a HGH? 5df = mI Rif Lt (6. 2. 4) 


At the sampling instant tọ, the instantaneous power of the output signal to average noise 


power ratio 1s 


" ; 
j|: iu H(f)S( free af 


ro = ieee ai. (6. 2.5) 
ii ^ [" HP |*df 
To find the maximum ro, we use the Schwarz inequality Ot; FL ZZ 4 SE 3A); 
DO 9 oo cx» 
| fila) * fs Go) dx «| | fi Go) 2da | d faGO "dz (6. 2. 6) 


If fiCx) —RfZ (x). where k is a constant 4$ 2), then the equal sign in the above 
equation holds. Now, let fi (x2 — HCfO. fa (x) — SCIOe?"*o ,we have 


| HPA | daf [SP [Pdf N [SCOPE gp 


ro S = (6. 2. 7) 
no Tu IE Ho Mo 
| [HOD af ; 
when H(f)=kS* (fe ?"*», the above equal sign holds. 
The impulse response function 
h(t) -| . HCP) df = ks (ty —t) (6. 2.8) 


h(t) should satisfy h(t) =0, when £ «0. That is s(t —t) —0. when t<0. Or 
satisfying s(t) =0 when £ >to. 
Usually. t=T. Hence, h(t) can be written as: 


(6. 2.9) 


Example 6. 2. 1: Suppose the message signal is a rectangular shape(see Figure 6. 2. 2(a)), 
according to equation (6.2.9), the matched filter is plotted in Figure 6. 2. 2(b), and the 
output of the matched filter is shown in Figure 6. 2. 2(c). The maximum value of the 


output is at t=T. 
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g(t) 
i 
0 T 
(a) 
h(t) 
kA 
; 
0 T 
(b) 


Matched filter 
output s(t) 


kA"T | T 


Figure 6.2.2 (a) Rectangular pulse. (b) h(t) of Matched filter. (c) Matched filter output 


6.3 Error rate due to noise 


The structure of receiver is shown in Figure 6. 3. 1. 


not) ‘Sav Lifx >t 
- : Decision may 1 ION te 
DENISE Say 0 if x «V, 


i 
Threshold V 
White Gaussian 7(f) 


Figure 6.3.1 Receiver for baseband transmission of binary-encoded PCM wave 


The input noise 7(¢) is a stationary Gaussian random process, and matched filter is a 
liner receiver, therefore. the output noise no (t) is also a stationary Gaussian random 
process. The probability density function of no (1) is 


TE NA l 一 这 | : 
Flo) = ETE | (8,3. D 


where mean is 0 and variance is 6°. 
6.3.1 Binary polar baseband system 


In the signaling interval Oz T, the received signal can be written as 
| (十 二 Ci， 1 was sent | | 
x(t) = on (6. 3.2) 
—A-+n(t), 0 was sent 
After the matched filter, there is a decision making device. The sample value x(T,) 
should be compared to a threshold Va. 


The following question is how to get a proper V, to get the minimum error 
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probability. 

There are two possible kinds of error to be considered, as plotted in Figure 6. 3. 2; 

(1) Symbol 1 is chosen when a 0 was actually transmitted, this error is the error of 
first kind PC1/0). 

(2) Symbol 0 is chosen when a 1 was actually transmitted, this is the second kind 
error P(0/1). 


Va X 


Figure 6.3.2 Noise analysis of PCM for polar signal 


When symbol 0 was transmitted. the probability density function of x(£T,) is 


1 | S (x+A)’ | - 
Er 252 [5.3.34 


when symbol 1 was transmitted. the probability density function of x(kT,) is 


fox) = 


ar) = dg ————— (6. 3. 4) 

fi t | 2x8. CAP | 28 
Pel? — Fie Yu — NIS pu 2 orf | (5.3.53 
TP - P" Li E V,—A | | 
PII) = Pee Vi = R (x)dxr = T6 Fert "| (6. 3. B) 

The total P, of the system is 

P, = PODPCO/D + PCOOPCI/O) (6.3.7) 
From Figure 6. 3. 2, when P(1)=P(0) — 1/2, we can find that when Vz=0, P, is the 


minimum. 


The optimum threshold is 


Corresponding symbol error probability is 


NEPOTES 
P = ; ertz) 


0.3.2 The unipolar baseband system 


The unipolar noise analysis is similar to the polar system. The different is the position 
of the fo Cx). as shown in Figure 6. 3. 3. 


The optimum threshold is 


Wu, A oid. PN E Q 
Va = TA POD (6. 3-28) 


When P(0)=P(1)=1/2, Vi —A/2, the corresponding error probability is 
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Va X 


Figure 6. 3. 3 Noise analysis of PCM for unipolar signal 


| ^ A C | | 
B a get ^ (6. 3. 9) 


Question; which system is better? Unipolar or bipolar? Why? 


6.4 Intersymbol Interference 


Consider a baseband binary PAM system. a general form is illustrated in Figure 6. 4. 1. 


Channel |" x(t) | Receive | y(t) ma. MD pesson 
m e [vi 


n(t) 


Figure 6.4.1 Baseband binary data transmission system 


Intersymbol interference arises when the communication channel is dispersive CK HO). 
The PAM modifies the binary sequence {&,} into a new sequence {a}, whose 


amplitude a, is represented in the polar form 


+1, if symbol & is 1 | | 
aj —1 | | (6. 4. 1) 
—]. if symbol & is 0 
The transmitted signal is 
s(t) == S ag — kT,) (6, 4. 2) 
Å 
where T, is the pulse duration. 
The receiver filter output can be written as; 
y(t) = p 2 asp GC — RTs) +n) (6. 4. 3) 
k 
The scale up(t) is obtained by a double convolution 
ppt) = ga) * h(t) * c(t) (6. 4. 4) 
Assume p(0)=1, the Fourier transform of ppt) is 
LPD = GC H(A DDC) (6. 4. 5) 


where PC). GCF) HCf2.CCf) are the Fourier transforms of p(t). g(t). h(t). and 
cE). 
So the received filter output y(t) is sampled at time ¢;=7T,. yielding 


CX 


yt) = pa; tp 2 arp [G6 — k)Ts ]H- nlt) (6. 4. 6) 


— 


96 || 通信 原理 ( 双语 ) 简明 教程 


^ transmitted bit, which is the useful information. The second term 


pa; represents the :' 
represents the residual effect of all other transmitted bits on i" bit, which is called ISI. 
The last term represents noise sample at time £;. Under ideal conditions (in the absence of 
both ISI and noise); 

y) = pa; (6. 4. 7) 
We have discussed the matched filter, which can get the maximum signal to noise ratio. In 


this part. we consider how to eliminate the ISI. 
6.4.1 Nyquist's criterion I 


In order to eliminate ISI. ad [(k—n)T, 4- t; ]= 0 should be satisfied. 
nztk 

The time-domain condition of system overall transfer characteristic p(t) is 
— Ls k — 0 l 
pCkT,) = | (6. 4. 8) 
Only the sample of p(t) at the sampling point equals 1, and the samples of other pulses 

pG-knT) are equal to zero. 

According to the time-domain condition. we can derive the frequency-domain 


condition: 


SP (w+ | | Jo i (6.4.9) 
i i I, I 


b 
This condition is called Nyquist’s criterion I. 
1. Ideal Nyquist channel 


If PCf) has ideal rectangular characteristic. Nyquist’s criterion can be satisfied. 


. MË 
—— Ts PS Lf 2k | m | | | | 
PCf) = ' Wf ' and pO) = 。 Sa(xt/T4,) (6.4.10) 
Ds other nt 
Ii 


Figure 6. 4. 2(a) and 6. 4. 2(b) show plots of PCf) and p(t). In Figure 6. 4. 2(a) , the 
normalized form of the frequency function P C £) is plotted for positive and negative 
frequencies. In Figure 6. 4. 2(b), the signaling intervals and corresponding centered 
sampling instants are included. 

From the above figure. when t=+kT,, p(t) =0. 

P(t) has its peak value at the origin( 原 点 ) and goes through zero at integer multiples 
of the bit duration T,. If the received waveform is sampled at the instant time £—0, ŁT,, 
T 2T,;.:. the pulses pp(t—iT,) will not interfere with each other. 

Nyquist bandwidth: w = T 


Nyquist (bit) rate; R, = 2o 


However, the ideal low-pass transmission characteristic can not be physically achieved. 


The tail of p(t) has large fluctuation and lasts a very long time (Æ E x£ W [2 H FF £x AY 
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2WP( f) 
1.0 
| — ———— 
sampling instants 
Zo | d | eee), | | 
=] 0 W  c————— 
signaling intervals 
(a) Ideal magnitude response (b) Ideal basic pulse shape 


Figure 6.4.2 The ideal low-pass transmission characteristic 


HEK). 

If the transfer function P C f) is a real function and has odd symmetry at f =w, 
equation(6. 4. 2) can be satisfied. 

2. Raised cosine spectrum 


A raised cosine spectrum satisfies the odd symmetry. 


T, << 
5 
- T, i. az | (1 —a)x (L ayr , | 
= 3 一 一 Sli iA . . m e | "D D, c, 
Pit : [1 + sin AIT, | T lw | T. (6.4.11) 
0. mE EROS 
T, 
And corresponding p(t) is 
mT sinz£/T, cosant/T | 
pee — SOTT, _cosant/T, 6.4.12 
pss nt/T, 1— 4a t /T: i i 
a is called the roll-off factor CR E A BY) 
Br = 2w — f; =w(1+a) transmission bandwidth 
7 = T = — (Band/Hz) The maximum bandwidth efficiency 


when a=0, 7=2,P(f) is the low-pass transmission. 

whena=1, y— I. PCf) is known as the full-cosine roll-off characteristic. The 
bandwidth is double the required bandwidth for the ideal Nyquist channel. In Figure 6. 4. 3(a), 
three values of a (0, 0. 5 and 1) are plotted and corresponding p(t) are shown in 
Figure 6. 4. 3Cb). 
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2WP( f) 


(a) Frequency response 


Figure 6.4.3 The raised cosine transmission characteristic 


6.4.2 Nyquist’s criterion I 


By adding intersymbol interference to transmitted signal in a controlled manner, it is 
possible to achieve a signaling rate equal to the Nyquist rate of 2w symbols per second in a 
channel with a bandwidth of w Hertz. 

Such schemes are called correlative-level coding or partial-response signaling schemes. 

The particular form of correlative-level — class I partial response is shown in 
Figure 6. 4. 4. 


Ideal Output 
faz} - channel 5 NNNM sequence 
Fi f ) I—kT, {ex} 


Figure 6.4.4 Duobinary signaling system 


Assume transfer function H (f) of a baseband transmission system has ideal 
rectangular shape. We consider two unit impulses with space time T as the input terminal. 
then the output waveform should be superposition of these two sinz/x waveforms. Let the 


superimposed waveform be g(t), then its expression will be 


P T | jie a Tt I, 
sin (eA sin (r2) mem 
DX CE: NCC DS S 03 | (6. 4. 13) 


in m (eu HT = eli-a 
T, 2 fo 2 


The waveform of g(t#) is plotted in Figure 6. 4. 5. 
g(t) decreases along with the increase of t^. It attenuates more rapidly than sinc 
function. 


The Fourier transform of g(£) and frequency efficiency are 
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Figure 6.4.5 Waveform of g(t) 


| 2 pcos el, . | "T | xd Ed I 
| 2 T; R T, 7 -- 
Glw) =: and 7 一 —B — T = 2(Band/ Hz) 
0, alo T i YT 
k, I; b 


This partial response system can achieve: 
(1) The tails decay rapidly; 
(2) The ideal frequency efficiency 7=2. 
According to Figure 6. 4. 4, we may express duobinary coder output cą as the sum of 
the present input pulse a, and its previous value a;_, 
C, = a, Fag (6.4. 14) 
where a, — 4-1, the possible values of c, are +2, 0, and —2. 
Let a, represents the estimate of the original pulse a, at the receiver at time £t —ZT,. 
Then we get 
is = — à 
It is apparent that if c, is received without error and if also the previous estimate 4,4 
is a correct decision, then à, will be correct. But once fault decision happens. the error 
will be propagated, and the following received symbols will be influenced. 


A rather practical partial response system is given as following Figure 6. 4. 6. 


pes : Decision 
id; | 
Addition nnd 


Sampling pulse 


modulo-2 
adder 
sf rr 


a k 


| 
| 
[ 
| 
| 
| 
| 
| 
| 
[ 
| 
| 
| 
[ 
| 


precoding | correlative encoding 


Figure 6.4.6 Block diagram of first partial response system 


The precoding rule is: 
a, = b, OD br (5.4, 15) 
whereWis the addition mod 2. 
The correlative encoding rule is: 
Cy = by + br- (6. 4. 16) 
The operation of mod 2 on c, is: 
Lcr lao = LO, F ba las = 5 D br- = ay (5. 4, I7) 
So 
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dk — E m 
———— B de a us 
f ad 1 0 0 0 1 0 1 1 \ 
| hr e Cup UU Tey Typ COP “Se CUM | | 
| } bipolar ( 双 极 性 )| 
| b, H1] +i] H1] +14 ae = +1] -10 | 
lc 0 +2 +2 +2 0 2,0 0 | 
| N | 
| Ch 0 re d 8 0 me i | 0 0 | 
| a 1 0 0 0 l dix l l | 
by eee / 

The decision rule is; 
0 T symbol is 1 
Cj = ae "an ‘ (6. 4. 18) 
(十 2 say symbol is 0 


Therefore, the error propagation can not occur in the detector. 


6.5 Eye pattern 


An experimental tool for such an evaluation in an insightful manner is the so-called 
eye pattern. 

An eye pattern provides a great deal of useful information about the performance of a 
data transmission system. as described in Figure 6. 5. I. 


Best 
sampling 
time 
| Distortion at 
| sampling time 


HEINE 102. UM RR 
Slope-sensitivity | i, a Margin 
to timing error | | over noise 


| 


Distortion of 
| : Zero-crossings 


desti a edt cuo ise 
Time interval over which 


the received signal can 
be sampled 


Figure 6.5.1 Interpretation of the eye pattern 
(1) The width of the eye opening defines the time interval over which the received 
signal can be sampled without error from ISI. It is apparent that the best time for sampling 
is the instant of time at which the eye is open the widest. 


(2) The sensitivity of the system to timing error is determined by the slope. 


Chapter 6 Baseband pulse transmission ||] 101 


(3) The height of the eye opening defines the noise margin of the system. 


Summary and discussion 


When the digital signal is generated. it needs to be transmitted in the channel. In this 
chapter, we discussed the baseband case, including the baseband signal and baseband 
transmission system, and we will discuss the pass band in next chapter. 

First, the baseband signal should be processed before transmission. The purpose is to 
let the signal match the characteristics of the channel. There are five important line codes: 
unipolar non return-to-zero( NRZ) waveform: polar non return-to-zero waveform: unipolar 
return-to-zero (RZ) waveform, bipolar return-to-zero (BRZ) waveform and differential 
encoding. These waveforms are not suitable for transmission because of the D. C 
components and very low frequency components. Many transmission symbol code types 
are designed. such as AMI. HDB;. biphase code etc. 

Second. based on the baseband transmission model. there are two important issues: 
noise and inter-symbol interference (ISI), which effect the signal. In order to reduce the 
noise, the matched filter is designed to maximize the output SNR. To eliminate or 
decrease the ISI. the transmission characteristic of baseband system should satisfy the 


Nyquist criterion. The frequency-domain condition of Nyquist criterion I is; 


dP (wt a T, al 


T, T, 

The ideal low-pass transmission characteristics can reach the ideal band efficiency 
value 2B/ Hz. but can’t be physically achieved. The tail has large fluctuations and lasts a 
very long time. Raised cosine spectrum can be realized and has fast tail. but the maximum 
band efficiency value is only 1 B/ Hz. 

Nyquist criterion [|| can resolve these problems: by adding inter symbol interference 
to transmitted signal in a controlled manner, it is possible to achieve a signaling rate equal 
to the Nyquist rate of 2w symbols per second in a channel of bandwidth œw. This is also 
called the correlative-level coding or partial-response signaling schemes. which can achieve 
the ideal band efficiency value and has a fast attenuation tail. In practice. the equalizer 
composed of a transversal filter is used to cancel or decrease the ISI. 


At last,the eye pattern is given and introduced as an experimental tool. 


Homework 


6.1 Suppose the information symbol is 110010001110, draw the waveform of 
unipolar NRZ.unipolar RZ.bipolar NRZ.bipolar RZ and differential encoding. 
6.2 Suppose the message data stream is 101000001100001 1, try to get the 
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AMI and HDB; encoding. 


6.3 The baseband transmission transfer function is H (o). If the transmission rate is 


= Baud, find which one (in the following Figure 6.1) can satisfy the no ISI condition. 
Hæ) F(a) 
c) 
-4ni T; 0 4vT, oc -—uT, 0 Om/T, C 
(c) (d) 
Figure 6. 1 
Terminologies 
Matched filter 匹配 滤波 Polar NRZ WAR HEAR SE 
bit error rate( BER) V fd R Unipolar RZ 单 极 性 归 和 雪 
Nyquist’s criterion zx Æ Bir E pt Polar RZ WAR HEYA 
partial response system 部 分 啊 应 系统 Differential encoding 差分 编码 
Intersymbol interference 1 [8] FR 3E stationary wave v, (I) 稳 态 波 
line codes zu alternating wave u. (t) — GE E IR 


Unipolar NRZ PAP PEAR IGE 
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In most cases. the baseband signal should modulate a carrier wave with a very high 
frequency; so that the baseband signal is shifted to a high enough frequency and can be 
transmitted from the antenna. This process is the digital passband transmission. 

Passband modulation usually needs a sinusoidal wave as a carrier. There are three 
parameters of sinusoidal carrier. For binary baseband digital signal, there are three 


modulations: 


ASK( 振 幅 键 控 : Amplitude shift keying) WU/ 
FSK( 频 移 键 控 :; Frequency shift keying) A 
PSK( 相 移 键 控 : Phase shift keying) | | 
In this chapter, the following topics are covered: 

* The basic principles of ASK,FSK,PSK (DPSK). 
* Coherent detections of ASK.FSK.PSK (DPSK). 
* Noncoherent detections of ASK.FSK.DPSK. 

* Bit error rates of ASK,FSK,PSK (DPSK). 


7.1 The basic principle of three digital passband modulation 


In this part. we discuss the principle of ASK. FSK. PSK and compare their 
differences. The often used sinusoidal carrier is usually expressed as 


c(t) = Acos(w,t + 0) E LH 


7.1.1 ASK 


1. Basic principle 
The general expression of 2ASK is 


€» Ask (1) = s(t) cosw,t Cf, 1,23 


where s (t) = Sand (Gt — nT,), g(t) is a rectangular pulse, as shown in Figure 7. 1. 1. 
Baseband | | | 
Data 
ASK 
modulated | 
signal 


Figure 7.1.1 The waveform of ASK 


There are two methods for generating the 2ASK. 

The first method is by using a multiplier (3E 3 $6). as shown in Figure 7. 1. 2(a). 
The output signal is given by the multiplication of baseband signal s(t) and carrier c(t). 

The second method is by using a switching circuit. as shown in Figure 7. 1. 2€b). The 


switch (JF 2X) is controlled by s(t). This method is also called OOK (on-off) keying (iH bf 
HEE). 
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Multiplier 
X 
o 5 d 
ASK 
Sinusoidal K Output 
Carrier (band limited) 
Oscillator Unipolar 
binary sequence 
(message) 
(a) Multiplicati on method (b) Switching method 


Figure 7.1.2 2ASK/OOK signal modulators 


In the receiver, there are two demodulation methods for ASK, i. e. the envelope 


detector and coherent demodulation method, which are respectively shown in Figure 7. 1. 3. 


Band pass ^ | Sampling 
filter | & decision 


Timing pulses 


Sampling 
& decision 


Timing pulses 


€5Ask() 


Low-pass 
filter 


(a) Non-coherent demodulation 
Multiplication Low-pass 
curcuit filter 
i | 


COS, 
(b) Coherent demodulation 


Esashi) 
一 


Band pass 
filter 


Figure 7.1.3 The demodulations of ASK 


2. PSD 
According to 
€? ASK (1) = s(t) cosw,t Er. l; 3) 
where s(t) is unipolar rectangular pulses. Its PSD is: 
有 (7. 1. 4) 
where P, is the power spectral density of s(t). 
Consider P(0) — P(1) —1/2, we can get the PSD of 2ASK: 


T.r | sinat f+ f. IT, sinx Cf — fT, |? $ — pes 
El OTOT, G DT, | TPIT tG- fo | 


where f,=1/T, is the signal symbol rate (band). 
From the following Figure 7. 1. 4, the wideband of 2ASK is Bax — 2 f,. 


2 


十 


Poask Cf) ra 


CE 1:83 
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Pask J) 


Figure 7.1.4 The PSD of 2ASK 


7 FoK 


1. Basic principle 
The symbols 1 and 0 of 2FSK are respectively transmitted by two sinusoidal with 


different frequencies. 


(Acoslæart F) when 1 is transmitted | 
C2FSK ^— 4 - ; : (7.1.6) 
Acoslwt + ©) when 0 is transmitted 
2FSK is the equivalence of two 2ASK superposition C JIIDD. 
Ja wz (i—nI,)cose#,t — ASKI 
EFK —— ^ ET. he 7) 
>) ang (t — nT) cosw,t > ASK2 


The generation method of 2FSK is given in Figure 7. 1.5, where a, is the inverse code 


(F285) of input data an. 
Oscillator 
fi 


Oscillator 
h 


Figure 7.1.5 Generation method of 2FSK 


e»rsk(f) 
(十 一 一 


The receiving of the FSK signal is also classified into coherent and non-coherent 
receivings. 

The coherent receiving is equivalent to two parallel ASK demodulations, as shown in 
Figure 7. 1. 6. 

If the signal in the upper branch is larger. then the received decision is 1 if the signal 
in the lower branch is larger. then the received decision is 0. The coherent carriers (coss ? and 
cosw.t) should be extracted from the received signal. so it will increase the complexity of 
the receiver. 

The method of non-coherent receiver is given in Figure 7. 1. 7 as follows. 

The rule of envelope detection is the same as the decision rule for the coherent 


receiving method. 
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€»psk(f) Timing pulses output 


sample & 
decision 


Cost 


Figure 7.1.6 Coherent receiving of 2FSK 


e — 
output 
Sampling decision p 


erFsK(D) 


Envelope detection 


Figure 7.1.7 Envelope detection of 2FSK 


Another method is the zero crossed detection, which is given in Figure 7. 1. 8. 


| | | 
€»rsk() output 
微分 


fr 整流 Wit e o 


(a) Zero-crossing detection principle 


(b) The waveform of each point 


Figure 7. 1. 8 The principle and waveform of zero-crossing detection 


2FSK signal is extensively used in digital communication. ITU-T recommends that 
2FSK system to be used at bit rate 1200b/s and lower. 

2. PSD 

The PSD of 2FSK should be the sum of the PSD of two 2ASK with different 
frequencies. (PC0) — PC1) — 1/2) 
—— 


sinat f — f2) LT. 
CF m fs ) ty 


2 


— 


2 


4 sinn( f — fi) T, 


nf m fi ) T. 


sinn( f + f;) T, |’ 


atf FL, * 


| erty 97 £0 HS £0] 


(T: 1,8) 


As can be seen from the above equation (7. 1. 8). the PSD curve of 2FSK can be 
plotted in Figure 7. 1. 9. When |f;—fi|-« f,. the curve has only one peak; when 
| fo —f, | Z9 f. there are two peaks. 


EX /ÁN 
PON 
i i / \ 
i \ / 1 
u i ny \、 
|o fil fs Fs p. -AF 


Figure 7.1.9 The PSD of 2FSK 


The bandwidth of the 2FSK signal approximately equals to 
Af = | fe —f1 EIN (7.1.9) 
where f. 


8 


7.1.3 PSK (Absolute phase shift keying) 
1. Basic principle 
The symbols 0 and 1 of the 2PSK signal are expressed respectively by two different 


initial phases 0 and x. Their amplitudes and frequencies remain unchanged. 


The expression of 2PSK is 


- Acosw,t when 0 is transmitted | | 
€opsk (1) = . (7. 1. 103 
—Acosw.t when ] is transmitted 
or written as 
Copsx E) = s(t) cosw,t (7. 1. 112 


when s(t) = ? ag (t —nT.)- a, is the binary NRZ bipolar rectangular pulse ONIE TE A 
WA). 
The 2PSK modulator is illustrated in Figure 7. 1. 10. including the waveforms. 
101 101 10  Multplier 
Po 
| ai jwu uuuwu UUUWU 
Line 


Polar NRZ-L 


. Binary Phase Shift Keying 
(BPSK) 


AVATAR AV AW ELLE PLA LA PLAT 
UVVUVVUVUVVVVVVVVVU 


Carrier frequency: 大 


Local 
Oscillator 


Figure 7.1.10 2PSK modulator 


The demodulation method of 2PSK signal is the coherent receiving. as shown in 
Figure 7. 1. 11. 
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espsk(D) 
— Output 
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Figure 7.1.11 2PSK coherent demodulation 


And waveform of each point is shown in Figure 7. 1. 12. 


Figure 7.1.12 The waveform of each point 


There may be a phase ambiguity (相位 模糊 ) of cosw.t at the receiver, which will 
cause phase 0 and x inversing. The symbols 1 and 0 are inversed. and error decision is 
made. In order to overcome this shortcoming. the DPSK system is usually adopted in 
practice. which will be discussed in section 7. 1. 4. 


2. PSD 
For 2PSK signal gı (4) =— g(t), and their spectra Gi (f) =—G,(f). When P(0) = 


Parse P= Lf UGG f2|* GG F014) 
_ T,r|sinxCf + fT, * sinn( f — f.) T, |’ | | 
+l se | C mp | | — 


Compared equation(7. 1.6) with (7.1.9), and Figure 7. 1. 4 with Figure 7. 1. 13. the 
difference is that PSD of 2PSK have no discrete components 9C f+ f.) and 8C f — f,). 


Therefore. the 2PSK signal can be regarded as s suppressed carrier DSB ASK. The 


bandwidth of APSKR is Bspsk — 2 f;,- 
Pops Cf ) 


Figure 7.1.13 PSD of 2PSK signal 


110 <q]| 通信 原理 ( 双语 ) 简明 教程 


7.1.4 DPSK (Differential PSK) 


The 2DPSK (差分 PSK) utilizes the relative value of the carrier phases of the adjacent 


symbols to express baseband signals 0 and 1. @ is used to express the initial phase of the 


carrier. 


A0 is the phase difference of the current symbol and the previous symbol. the rule is 


A0 —0 when 0 is transmitted 


(A0 — x when 1 is transmitted 
For example: (Initial phase is 0) 
Baseband sequence az: 111001 10 Absolute code 
DPSK (0 :10111011 Relative code 


b, = ai CO bis 


The generation diagram of 2DPSK is given in Figure 7. 1. 14. 


s(t) | exDPSK(D) 
Code converter | i Multiplier 
Absolute ie 


code 
cosa 
€ppsk(4) 
phase shift x s(f) 
——— — 


code 
converter 


Figure 7.1.14 Generation method of 2DPSK 


EF T, D 


(7. 1.14) 


There are mainly two methods for demodulation of DPSK signal. The first method is 


direct comparison of the phases of adjacent symbols, as shown in Figure 7. 1. 15. 


€oppsk(1) 


s(t) 


Figure 7.1.15 Direct method of DPSK demodulation 


The second method is the coherent demodulation: as shown in Figure 7. 1. 16. 


Epps (t) BPF Sample & | Inverse code s(t) 
decision conversion nis 


COSOÍ 


Figure 7.1.16 The coherent demodulation of 2DPSK 
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7.2  Anti-noise performance of digital passband 
modulation system 


7.2.1 Bit error rate of ASK 


1. Coherent modulation 
For a 2ASK system, the sketch map of bit error rate is shown in Figure 7. 2. 1, which 


is similar with the unipolar baseband system. 


P(0) fo(x) P(1) fix) 


Sebi 


U bp" 


Figure 7. 2. 1 Bit error rate of ZASK 


The additive white Gaussian noise in the channel is considered. 
n(t) = n.(t)cosw.t — n, (t) sinw.t Er t 
After multiplied by the local carrier and passing through the LPF, the received signal is 
y(t), its voltage at the sampling&decision point can be expressed by 


A+n.(t) when 1 is transmitted 
zu) = (T. 2.2) 
UMOS when 0 is transmitted 


It is similar with the unipolar baseband system. 


When P(1)=P(O) 


E. 2. 3) 


_ A, | r ( Y 
p. o z eric | 1 (1. 2. 4) 


| a à; | , | 
Where r= 59 1S the input signal-to-noise ratio of demodulation. 
Bus 3 


and 


2. Envelope detection 
In the envelope system, the conditional probability distribution functions are written 


in equation (7.2. 5) and (7. 2.6), the curves are shown in Figure 7. 2. 2. 


fiV) = ses Je ta“ )/28, (1.2:5) 
Pip xem (7. 2.6) 


fi (V) obeys the generalized Rayleigh distribution: f; (V) obeys the Rayleigh 


distribution. 
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IV) 
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| P() f) 


0 bo bj VIS? 
Figure 7.2.2 The geometric representation of ASK P. for envelope detection 


When p(0)=p(1) 


| (x. PA 7) 
z^ 
! — Aus " r l „orid ! | Y 
P, = Aere jy t ve (T. 2.8) 
When r>c, P. =e", 


Example 7.2. 1: for an ASK signal transmission system, assume the symbol rate is 


R,=4.8X10° Baud. the amplitude of the received signal is A=1mV and the single-side 
PSD of the Gaussian noise is 1, =2X 10 ^ W/Hz. Find: 


(1) the optimum symbol error probability when the envelope detection is used; 
(2) the optimum symbol error probability when the coherent demodulation is used. 


Solution; The bandwidth of 2ASK is 2/T Hz. According to the signal rate. the 


optimum bandwidth of the bandpass filter in the receiver should be selected as 
B= 2/T —2R,—9.6x I"'CH2 
Therefore. the mean power of the output noise of the bandpass filter is 
i —wB-1,92x190"*(W) 
The output signal to noise ratio is 


4 _ 10° 


= = —— ~ a 26 > 1 
' 20 2X1.92X 10° 
For the envelope detection 
| l —r/4 l — 5, 5 —4 
——eU*.—o—wa-»—T. 0 
E. z € z € Lou c I 
For the coherent demodulation 
P, = Le L1 es = 1,66 x 10" 


Jar /3.14 x 26 
7.2.2 Bit error rate of 2FSK 


1. Coherent demodulation 


According to the block diagram of 2FSK coherent demodulation. 


Suppose symbol 1 is transmitted. the two received voltages after passing the two 
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ic. 


band-pass filters can be written as 
yı (t) = [A + n X) ]coswit — nis (t) sine; t 
yo (G2) = no. (E)cosæw: (t) — nz, Gosinot (7.2.9) 
They are multiplied by the local carrier, and pass through the LPF, so the inputs of 
decision-making circuit are 
Vi) = A +F nO) 
V C) = no(t) (T, 2, 10) 
Because P(0/1)— P(V, «V,) and P(C1/0) — POV —V5) 


When P(00)— P(C1). 
log fr | | 
Et. e z eric | ; t; 2.41 


e (7. 2.12) 


When ro] . 


2. Envelope detection 
When symbol 1 is transmitted, the two voltages at the sampling & decision device 


Input are 


Vi (t) — [A 十 7A (t) F l n (t) and Va (t) — y n2, (t) 十 n®, (f) 
Fs = PV, u Va) and P. — PCV, pa 
so the bit error rate 1s 
P, — set 


Example 7. 2. 2: assume there is a 2FSK transmission system. its transmission 


(7. 2. 13) 


bandwidth is 2400Hz; the two carrier frequencies of the 2FSK signal are respectively fo = 
980Hz. fı =1580Hz.the symbol rate is Rg =300Baud.and the signal to noise ratio at the 
input of the receiver is 6dB. 

Find; (1) the bandwidth of this FSK signal; 

(2) the symbol error probability when the envelope detection is used; 

(3) the symbol error probability during the coherent demodulation. 

Solution; (1) The signal bandwidth is 

Af = | f:—fo|+2f. = 1580 — 980+ 2 X 300 = 1200( Hz) 


(2) The symbol error probability of the envelope detection is 


which is decided by the signal to noise ratio r. Now the given input signal to noise ratio is 
equal to 6dB. but after passing the bandpass filter the noise will further limited. and the 
signal to noise will be increased. The bandwidth of the bandpass filter should be equal to: 
B=2R,=600Hz. The bandwidth ratio of the input and output of the bandpass filter equals 


2400/600=4. So the noise power will be reduced to 1/4.1. e. The signal to noise power 
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ratio will be increased by 4 times 
So 


É set = ze =i xiv 


(3) The symbol error probability of the coherent demodulation is 


| > Ea = — — se T 
is. z eric E aL erf fe zll erf2. 8284 | 0.9 2€ L0 


and the approximation is 


i lef = 3.39 x 107 


e e ] 


V ERr 


/.2.3 Bit error rate of PSK 


. Thus the signal to noise ratio at the receiver is r=4*4=16. 


For 2PSK system, the sketch map of bit error rate is shown in Figure 7. 2.3, which is 


similar with the bipolar baseband system. 


| 
Jo) | fi) 


Figure 7.2.3 Bit error rate of PSK 


1. Coherent demodulation of 2PSK 


The input voltage of the sampling and decision device can be written as 


a +n, Ct) when 1 is transmitted 
xir) = | 
—a--n,(t) when 0 is transmitted 
Because 
n.(t) ~ NC0.62) 
So 
- 2 
Fitri = : e Jam ad when ] is transmitted 
Zr Z0, 
T 
iat = P| zx | when 0 is transmitted 


The best decision threshold is 


Then the bit error rate 1s 


J^. Ferfc Jr 


When 7 之 0 or rco 


C7. 2. 14 


it, oy 13) 
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2. Phase comparison method of DPSK 
P(0/1) = Pix « 0) 


== Pl ambi Heb] (misos) | = 0| 


= 本 利于 机 
Let 1 = (2a + n, 4- n4 0^ + O4, Hna) and R$ = Cn, — n, 0? + Oni, — na)” 


PU = Pr qe t pues 


207 ^1 42 
"Y lo, er P d 
P(/D — R= oar R2 /402 
So 
| ED w^ 
PCTs) = =e 
2 
when 
P(0) = PO) = T p, = ser (7. 2. 16) 


3. Coherent detection of 2DPSK 
The difference between PSK and DPSK is the code inverse converter. as shown in 
Figure 7.2.4. We only discuss the bit error rate of the code inverse converter. 
Code {ay} 


inverse 3 
converter | Pe 


Figure 7.2.4 Code converter 


The output probability of the code converter is 


P' — 2P. = erfcevr TEID 


7.2.4 Performance comparison of digital keying transmission 
system 


The symbol error rate probability equations of various binary keying systems 
discussed in this chapter are listed in Table 7. 2. 1. As can be seen from these equations. 
the symbol error probabilities of the coherent demodulation are all related to erfc(r) and 
the symbol error probabilities of the non-coherent demodulation are all related to expC— 7). 

The symbol error probability curves are plotted according to these equations are 
shown in Figure 7. 2. 5. From this figure. we can see that for the same keying mode. the 
symbol error probabilities of the coherent demodulation are all less than those of the non- 


coherent demodulations: and symbol error probability of PSK is the best. 
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Table 7.2.1 The bite error rate of digital passband system 


Modulation Norn-coherent detection 
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Figure 7.2.5 The relation between P. and SNR 


7.3 Hybrid amplitude/phase modulation schemes 


In an M-ary PSK system, the in-phase and quadrature components of the modulated 
signal are interrelated in such a way that the envelope is constrained to remain constant. 
This constraint manifests itself in a circular constellation for the message points. However: 
if the constraint is removed. and the in-phase and quadrature components are thereby 
permitted to be independent. which leads to get a new modulation scheme called M-ary 
quadrature amplitude modulation (QAM). Both amplitude and phase modulations are 
involved in modulating the carrier in this scheme. 


In QAM. there are two basis functions, as shown by 
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p (t) = [A cos Cn f. ; OST 


p: (f) = | sina f. pipe | 


The transmitted M-ary QAM signal for symbol k, is defined by 


s(t) = 27 a, cos(2n f. T) 一 E 


The signal są (t) consists of two phase-quadrature carriers with each one being 


b,sinC2m f.t). pls Tb = 0, 3-1, 42," 


modulated by a set of discrete amplitudes. hence the name is quadrature amplitude 


modulation, as illustrated in Figure 7. 3. 1. 


Figure 7.3.1 Signal-space diagram of 4QAM 


16-QAM square constellation is as following Figure 7. 3. 2. 


1000 — 1001] | 1011 1010 


® E 
1100 1101 | 1111 1110 


e Ld 


. € 
0100 010I | 0111 0110 


e @ m . 
0000 0001 | 0011 0010 
(a) (b) 
Figure 7.3.2 (a) Signal-space diagram of M-ary QAM for M=16; the message points in each quadrant 
are identified with Gray-encoded quadbits. (b) The generation principle of 16QAM 


7.4 OFDM system 


Orthogonal Frequency Division Multiplexing C OFDM) is a kind of multi-carrier 
parallel modulation system. The main aims of this scheme are: 

(1) To improve the frequency utilization and increase the transmission rate. 
Frequency spectra of modulated subcarriers are partially overlapped; 

(2) Modulated signals are strictly orthogonal to each other in order to be completely 


separated in the receiver; 
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(3) Modulation of each subcarrier is M-ary modulation; 

(4) The modulation system of each subcarrier can be different and adaptive to the 
variation of the channel. 

OFDM has been widely used in ADSL. HDTV. DVB (digital video broadcasting). 
wireless local area networks, and etc. It has been the focus of research to be used in the 
next generation of cellular networks. 

Assume there are N subchannels in an OFDM system. each subchannel uses a 
subcarrier: 

a, t) = B,cos(Zmxf,td-9,20, k = 0,1,2," N— 1 Wm E 
where B, is the amplitude of the k™ subcarrier, decided by the input symbols; f, is the 
carrier frequency of the k™ subchannel. g is the initial phase of the carrier of the k" 


subchannel, then the sum of the N-sub signal in the system can be expressed as 


N—1 N—1 
s(t) = ja, (t) = >) B,cos(2x fit + o) (7.4.9) 
k=0 k=0 


It also can be rewritten as the complex form as follows: 
N—1 
s(t) = >) Betts (7. 4. 3) 
k=0 


where B, is the complex input data of the k™ subchannel. 

If the frequency spacing between adjacent subcarrier are identical and equal the 
reciprocal of the symbol duration Af=1/T. and the subcarrier frequencies equal f} (m+ 
n)/2T,m1;,2,::.n—1,2,:- 


Then arbitrary two subcarriers in the symbol duration T are orthogonal, i. e. 
T 
| cosC2m f,t + g)cos(2rf jt + 9) dt = 0 (7.4.4) 
0 
where f;=(m—n)/2T. The hold of the orthogonal condition in equation(7. 4. 4) is the 


independent of the values of gq and g;. Therefore, this multi-subcarrier system is called 


OFDM system. as shown in Figure 7. 4.1. 


us | 
fe A fie, 
fL T, 


Figure 7. 4. 1 The spectra of multichannel subcarriers 


oummary and discussion 


In the digital pass band system, the carrier wave is also sine wave. We can compare 


this with continuous wave modulation in Chapter 4. The difference is that the baseband 
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signal in this chapter is digital signal, not the analog signal. The three modulation 
parameters of carrier are also amplitude. frequency and phase, so there are three basic 
digital modulations: 2ASK. 2FSK and 2PSK. Since there is phase ambiguity in the 2PSK, 
then the 2DPSK is usually adopted in practice. Here the spectrum of modulated signal is 
the shift spectrum of digital baseband signal, which is more suitable for transmission. We 
have studied the time domain and frequency domain of baseband digital signal in chapter 5. 
which is also the basic theory of this chapter. 

The general model of passband data transmission system should be remembered. The 
input signal of ASK can be regarded as unipolar signal, while the input of 2PSK can be 
regarded as bipolar signal. So the anti-noise performance can be also compared with the 
unipolar and bipolar systems and the results are similar. The different of 2FSK system is 
that there are two carrier wave frequencies. Compare three modulations from generation, 
spectrum, bandwidth. demodulation and anti-noise performance, you can understand the 
system more fluently(consider another form). 

ASK is used almost in every digital communication link including your cell phone and 
cable TV. In most wireless links such as satellite TV and high definition TV broadcast 
channels uses two ASK links in parallel, each of 16-levels, but rotated in phase 90 
degrees, thus the 16x16 combination is known as 256 QAM. 

2FSK transmitter and FSK receiver implementations are simple for low data rate 
application. The 2FSK systems can provide high SNR and it has lower probability of error 
and higher immunity to noise due to constant envelope. But it uses larger bandwidth 
compared to other modulation techniques such as ASK and PSK. Hence it is not 
bandwidth efficient. The BER (Bit Error Rate) performance in AWGN channel is worse 
compared to PSK modulation. In order to overcome drawbacks of 2FSK. MFSK 
modulation techniques with more than two frequencies have been developed. 

For the PSK system. it carries data over RF signal more efficiently compared to other 
modulation types. Hence. it is more power efficient modulation technique compared to 
ASK and FSK. 2PSK system is less susceptible to errors compared to ASK modulation and 
occupies same bandwidth as ASK. Higher data rate of transmission can be achieved using 
high level of PSK modulations such as QPSK (represents 2 bits per constellation). 


16-QAM (represents 4 bits per constellation) etc. 


Homework 


7.1 If the message signal is 101101. draw the waveform of ASK, FSK, PSK and 
DPSK. 
7.2 Assume the rate of IMb/s is required to transmit data using the 2DPSK system. 


and the symbol error probability does not exceed 10 *.also single-side power spectral 
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density of the white Gaussian noise at the receiver input is 2; —10 "^W/Hz. Find: 
(1) the required received signal power for the phase comparison method; 


(2) the required received signal power for the polarity comparison method. 
Terminologies 


ASKCAmplitude shift keying) 振幅 键 控 
FSK (Frequency shift keying) 频 移 键 控 


PSK (Phase shift keying) 相 移 键 控 

DPSK (Differential PSK) 差分 相 移 键 控 
QPSK 正 交 相 移 键 控 
QAM 正 交 振幅 调制 


OFDM 正 交 频 分 复 用 


Chapter 8 Further reading: new technologies 


in communication systems 


8.1 Compressive sensing (CS) 


According to the sampling theory. the sampling rate is usually 5 — 10 times of the 
maximum frequency of the message signal in practice. and sometimes there is a redundancy 
of data. So is there any other method to recovery the original signal with fewer samples? 
Recently. the compressive sensing theory has been proposed and become widely used in 


communication; radar and image processing systems. 
0.1.1 Introduction 


An early breakthrough in signal processing was the Nyquist-Shannon sampling 
theorem. It states that if the signal? s highest frequency is less than half of the sampling 
rate. then the signal can be reconstructed perfectly by means of Sinc interpolation. The 
main idea is that with prior knowledge about constraints on the signal’s frequencies, fewer 
samples are needed to reconstruct the signal. 

Around 2004, Emmanuel Candes, Justin Romberg. Terence Tao. and David Donoho 
proved that given knowledge about a signal’s sparsity, the signal may be reconstructed 
with even fewer samples than the sampling theorem requires". This idea is the basis of 
compressed sensing. Compressed sensing (also known as compressive sensing. 
compressive sampling. or sparse sampling) is a signal processing technique for efficiently 
acquiring and reconstructing a signal. by finding solutions to underdetermined linear 
systems. This is based on the principle that, through optimization, the sparsity of a signal 
can be exploited to recover it from far fewer samples than required by the Shannon-Nyquist 
sampling theorem. The basic assumption in CS approach is that most of the signals in real 
applications have a concise representation in a certain transform domain where only few of 
them are significant, while the rest are zero or negligible. There are two conditions under 
which recovery is possible. One condition is defined as signal sparsity, which requires the 


signal to be sparse in some domain. Another important requirement is the incoherent 


122 «|| 通信 原理 ( 双语 ) 简明 教程 


nature of measurements (observations) in the signal acquisition domain. Therefore. the 
main objective of CS is to provide an estimate of the original signal from a small number of 


linear incoherent measurements by exploiting the sparsity property. 
8.1.2 The mathematics theory 


Imagine we have a signal x, which represents a time-domain signal of length N. In a 
perfect world, we would simply take N measurements. However. we can only take M 
measurements (M <N) each time. We use a vector y to represent our M measurements. 
What's important to note is that one measurement doesn't necessarily correspond to a 
single input value. This may seem confusing at first. but in real-life systems 
measurements aren't always made in a single-file. linear fashion. In order to get to y. we 
use Q. Put simply: 

y = dx (5.1. 1H 
Q is the sensing matrix, which allows us to get from x to y (via random 
measurements, transformations, or a combination of the two). To summarize. we have the 


following Figure 8. 1. 1. 


MX | MX N(M«N) 


NX] 


Figure 8.1.1 The illustration of equation (8. 1. 1) 


x —NX] vector representing original signal (must be somehow compressible). 


y —M X] vector of output values. 


D —M XN sensing matrix (how we get from input to output). 
x can be uniquely reconstructed by solving the following well-known convex 
optimization problem Cis [fb fb [n] 88 : 


minimize 


lz], subject to dx = y (8. 1. 2) 
where |x|; is 4j normCZ, 63). This is a NP hard problem. There are basic three type 
algorithms: matching pursuit (MP). basis pursuit (BP), Bayesian compressive sensing 
(BCS) and their extending methods, which are usually used in signal processing". The 


signal process of CS is shown in Figure 8. 1. 2. 
N NK 


Sampling Compressing Transmission Receiver Decompressing 


Figure 8.1.2 The process of compressive sensing 


K 


e 
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The comparison table between Nyquist’ s sampling and compressive sensing are in 
Table 8. 1. 1 


Table 8.1.1 The comparison between Nyquist sampling and compressive sensing 


Comparison Nyquist Sampling Compressive Sensing 


Recovery Low pass filter Convex Optimization 


Exercise 8. 1. 1: Imagine x is of length N —8 and has random values. We want to keep 
only 3 of them (let's say the 1*, 2"* and 5"). Here's what the linear algebra would look 


like in terms of y = Ax in equation (8. 3) P1, 


iS. 1,33 


os 
LA 
=] 


. 1l 
LO, 90 
Inequation (8. 1. 32. we are clearly keeping three samples of our original values and 
throwing away the other 5. If x is a sparse signal Conly a few useful values) then we can 
not afford to randomly keep a few values, or else we might lose the ones we need. This is 
because we do not know the location of the useful values beforehand. 
0 | 
0. 18 


0. 03 
0 1 0 0 0 0 0 0 0 
0 


0.18|2C|0 1 0 0 0 0 0 0 (8. 1. 4) 
0 0 0 00 I 0 O 9 


V 

0. 11 

Ü 
If we randomly select values from our sparse signal. we lose some information. We need a 
different approach so we do not lose our non-zero values. If we use Gaussian random 
variables as our sensing matrix A, we will not lose the data. It will not look the same for 
now. but it is still encoded in the output. In equation(8. 1. 5). the sampled points obtain 


only 3 output values in a different manner random measurements. 
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0. 2336 [ 0.52 0. 67 0. 65 Tao —2.90 —1.09 1.5055 
— 0. 1767 |— 0,21 —0,04 —1, 62 —2.06 —.1.16 —0.07 0.21 
—9H. 1572 1,44 —L35 Wa Wa muy —0.54 0.93 


simple simulation examples: 


1. A sparse time-domain signal(see Figure 8. 1. 3) 


Original signal 


2 
0 
—2 
50 100 150 200 250 
K measured values 
10 
0 
一 10 
10 20 30 40 50 60 
Recovered signal 
5] 
0 : 
= 


50 100 150 200 250 


0 
0.18 
ET 0. 03 
0. 93 
— 1.40 
Oy d 
() 
(5, 1.5) 


Figure 8. 1. 3 The simulation of a sparse time-domain signal with the compressive sensing method 


The original signal had 256 values but we recovered it perfectly even though we only 


took 64 random measurements. As can be seen. compressed sensing worked for this 


simple example. 


2. The image processing with CS method 


Take the picture Lena as an example: the compressive sensing method is used for this 


image, here the OMP algorithm is adopted to recovery picture, as shown in Figure 8. 1. 4. 


8.1.3 Application 


CS is being a growing field and a wide variety of applications has benefited from this 


sensing modality. Figure 8. 1.5 shows a taxonomy (分 类 ) listing major applications of CS. 


This section overviews the application areas where CS finds its applicability in current 


scenario. This may be helpful in identifying an application area to work on using CS. 
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original image 


Figure 8.1.4 The original image and the recovery image based on CS method 
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Figure 8.1.5 Major applications of CS 


The various types of radar imaging techniques where CS has been used are synthetic 
aperture radar (SAR). inverse synthetic aperture radar (ISAR). through the wall imaging 
radar (TWR) and ground penetrating radar imaging (GPR); 

In communication system, the research is mainly focused on the following aspects: 

1. Wireless Sensor Networks 

The efficient data gathering schemes based on CS has been proposed for wireless 
sensor networks (WSN) in exploiting raw data compressibility using opportunistic 
routing. These compressive data gathering schemes offers advantages like robustness: 
prolonged network lifetime, reduced energy consumption and simple routing scheme, etc. 

2. UWB Communication 

UWB communication basically makes use of CS architecture called RMPI. for 
acquisition of UWB signals. The reconstruction of original signal can be done by exploiting 
its spatial and temporal information. The other issues like. impulse radio detection, echo 
detection, channel estimation, high precision ranging and non-coherent UWB systems has 
also been addressed using CS. 

3. Direction of Arrival (DOA) Estimation 

Method for compressive beamforming using random projections of the sensor data for 
DOA estimation has been proposed. CS also has been used to solve problems in 
beamforming like grid-mismatch, reducing the number of sensors. DOA estimation for 
non-circular sources and the arrays with multiple co-prime frequencies. 

4. Blind Source Separation (BSS) 


CS for BSS addresses the separation of signal sources from the mixed music/speech 
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signal using two-stage cluster-then- optimization approach and using non-negative matrix 


factorization. 


8.2 Ultra wideband (UWB) system 


8.2.1 The definition of UWB 


Ultra wideband (UWB) communication is based on the transmission of very short 
pulses with relatively low energy. This technology may see increased use in the field of 
wireless communications and ranging in the near future. UWB technique has a fine time 
resolution which makes it a technology appropriate for accurate ranging. UWB is usually 
used in short-range wireless applications but can be sent over wires. Ultra wideband 
advantages are that it can carry high data rates with low power and little interference. 

Because of the huge bandwidth, UWB waves have a good material penetration 
capability. UWB is a communications technology that employs a wide bandwidth (typically 
defined as greater than 20% of the centre frequency or 500MHz). The mathematical 


definition of relative bandwidth is . 


: fa fu Fe 0 r ; 
y= == SS SS a 2H Bed 


The definition of absolute bandwidth is 
B; = fy — fy > 500MHz (Bs. gen? 
According to Shannon’s capacity formula, this large bandwidth provides a very high 
capacity. Thus, high processing gains can be achieved that allow the access of a large 
number of users to the system. Figure 8. 2. 1 shows the comparison between UWB and 
narrowband signal. As can be seen,the widthband of UWB system is really far wider than 


the narrowband system. 


Power Spectral Density 


f, f (Hz) 


Figure 8. 2. 1 The comparison between UWB and narrowband signal 


The impulse radio UWB is a carrier-less (i. e. + baseband) radio technology and 
accordingly, in this radio technique no mixer is needed. Therefore. the implementation of 
such a system is simple. which means that low cost transmitters/receivers can be achieved 
when compared to the conventional radio frequency (RF) carrier systems. Through the 
years (1960s— 1990s) the United States military developed the UWB technology that was 


first used for ground penetrating radar. In 1998. the Federal Communication Commissions 
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(FCC) recognized the significance of UWB technology and initiated the regulatory review 
process of the technology. Consequently, in February 2002 the FCC report appeared, in 
which UWB technology was authorized for the commercial uses with different 
applications, operating frequency bands as well as the transmitted power spectral 


densities. 
8.2.2 Comparison with other wireless communications 


UWB. which stands for ultra-wideband, is a network standard that specifies how two 
UWB devices use short-range radio waves to communicate at high speeds with each other. 
For optimal communications. the devices should be within 2 to 10 meters (about 6.5 to 33 
feet) of each other. Examples of UWB applications include wirelessly transferring video 
from a digital video camera, printing pictures from a digital camera. downloading media to 
a portable media player. or displaying a slide show on a projector. Figure 8. 2. 2 shows the 
spectrum of different wireless communication. 

- Bluetooth, 
Emitted C) 802.11b 


Signal g Cordless Phones 
Power Microwave Ovens 


-41 dBm/MHz ;--- 


161.9 24 3.1 5 
Frequency/GHz 


Figure 8.2.2 The spectrum of different wireless communication 


Bluetooth is a standard, specifics protocol, that defines how two Bluetooth devices 
use short-range radio waves to transmit data. To communicate with each other. Bluetooth 
devices often must be within about 10 meters (about 33 feet) but can be extended to 100 
meters with additional equipment. Examples of Bluetooth devices can include desktop 
computers. notebook computers. handheld computers. smart phones, headsets, 
microphones, digital cameras, GPS receivers, and printers. 

Difference between UWB and Bluetooth is that UWB, which stands for ultra- 
wideband, is a network standard that specifies how two UWB devices use short-range 
radio waves to communicate at high speeds with each other. For optimal communications, 


the devices should be within 2 to 10 meters of each other. 
8.2.3 Feature of UWB 


Following are the features of UWB technology: 

* Coverage range: About 30 meters; 

* Data rate; About 1 Gb/s; 

* Operating frequency: below 1GHz, 3~5GHz and 6~10GHz; 
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e Standard; IEEE 802. 15. 4a; 
* PHYSICAL Layer: MB OFDM, DS-UWB; 
* Modulation types; BPM, OOK, PAM, OPM. 
Following are the advantages of UWB: 
* Low Power; 
* Good noise immunity; 
* Signals can penetrate variety of materials easily; 
* high immunity to multipath fading; 
* potentially very high data rates. 
Disadvantages of UWB: 
* Higher cost; 
* Slower adoption rate; 
* Long signal acquisition times; 
e FCC has limited emission requirements which is less than 0. 5mW max power over 
7.9GHz band; 
* The UWB technology has issues of co-existence and interference with other radio 


based technologies. 
8.2.4 Impulse modulation signal in UWB signal 


The selection of impulse-signal types for UWB impulse systems is one of the 
fundamental considerations in designing UWB impulse systems, antennas, and circuits 
because the type of an impulse determines the UWB signal’ s spectrum characteristic. 
Many types of impulse signals such as step pulse, Gaussian-like Cor monopolar) impulse. 
Gaussian-like single-cycle Cor monocycle) pulse. Gaussian-like doublet pulse. and multi- 
cycle pulse can be used for UWB impulse systems. Among those, Gaussian-like impulse, 
doublet pulse. and monocycle pulse (see Figure 8. 2. 3) are typically used in UWB impulse 
systems, Particularly. the monocycle pulse is preferred in most UWB impulse systems 
because of its spectral characteristics (having no DC level) that facilitate easier wireless 
transmission than the impulse. 

UWB uses various modulation schemes based on application requirements. There are 
time based techniques and shape based techniques. Pulse position modulation (PPM) is 
used as time based modulation. PPM is a simple technique but it needs fine time resolution 
in receiver. BPM (Bi-phase modulation), OOK (On-Off Keying), PAM (Pulse Amplitude 
modulation), OPM (Orthogonal Pulse Modulation) etc. are used as shaped based 
modulation techniques. PAM and OOK are also simple binary only techniques but they 
have poor noise immunity. OPM is complex but it has the advantage of orthogonality. 

According to the principle of different modulations, try to match the following 


modulations with each corresponding waveform GÆ 2& VU fig ). 
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Figure 8. 2. 3 The monocycle pulse and its spectrum 
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8.2.5 The application of UWB 


Ultra-wideband characteristics are well-suited to short-distance applications, such as 
PC peripherals. Due to low emission levels permitted by regulatory agencies. UWB 
systems tend to be short-range indoor applications. Due to the short duration of UWB 
pulses, it is easier to design high data rates; data rate may be exchanged for range by 
aggregating pulse energy per data bit ( with integration or coding techniques ). 
Conventional orthogonal frequency-division multiplexing (OFDM) technology may also be 
used. subject to minimum-bandwidth requirements. High-data-rate UWB may enable 
wireless monitors, the efficient transfer of data from digital camcorders, wireless printing 
of digital pictures from a camera without the need for a personal computer and file 
transfers between cell-phone handsets and handheld devices such as portable media 
players. UWB is used for real-time location systems; its precision capabilities and low 
power make it well-suited for radio-frequency-sensitive environments, such as hospitals. 
Another feature of UWB is its short broadcast time. 

Ultra-wideband is also used in “ see-through-the-wall” precision radar-imaging 


technology: precision locating and tracking (using distance measurements between 
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radios), and precision time-of-arrival-based localization approaches. The system of UWB 
through-the-wall radar system is given in Figure 8. 2. 4 It is efficient, with a spatial 
capacity of approximately 1013b/s/m*. UWB radar has been proposed as the active sensor 
component in an Automatic Target Recognition application, designed to detect humans or 


objects that have fallen onto subway tracks”. 
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Figure 8.2.4 The UWB through-the-wall radar system 


UWB has also been considered for development of personal area networks and 
appeared in the IEEE 802. 15. 3a draft PAN standard. However. after several years of 
deadlock, the IEEE 802. 15. 3a task group was dissolved in 2006. The work was completed 
by the WiMedia Alliance and the USB Implementer Forum. Slow progress in UWB 
standards development, the cost of initial implementation, and significant lower than 
expected performance are several reasons for the limited use of UWB in consumer products 


(which caused several UWB vendors to cease operations in 2008 and 2009). 


8.3 MIMO technology 


MIMO (multiple input multiple output) is a technique where multiple antennas are 
used at both the transmitter and the receiver to increase the link reliability and the spectral 
efficiency. This concept has been around for many years but its application in wireless 
standards is more recent. This is probably due in part to the fact that OFDM (orthogonal 
frequency-division multiplexing), which facilitates the implementation of MIMO, is now 
commonly used in today’s wireless standards. MIMO techniques are used in technologies 
like Wi-Fi and LTE, and new techniques are under study for future standards like LTE 
Advanced”), 

By transmitting the same data on multiple streams. the MIMO radios introduce 
redundancy into data transmission that classic single antenna setups (SISO: Single In, 
Single Out) can not provide. This gives MIMO systems several advantages over typical 


SISO configurations: 


Chapter 8 Further reading: new technologies in communication systems ||] 131 


(1) MIMO radios can utilize the bounced and reflected RF transmission to actually 
improve the signal strength even without clear line-of-sight, since MIMO radios receive 
and combine multiple streams of the same data. This is particularly useful in urban 
environments, where signal degradation between single antennas without clear line-of- 
sight is a major issue, 

(2) Overall throughput can be improved, allowing for greater quality and quantity of 
video or other data to be sent over the network. 

(3) By utilizing multiple data streams. lost or dropped data packets can be reduced, 


resulting in better video or audio quality. 
8.3.1 The model of MIMO 


The basic MIMO model is in Figure 8. 3. 1. Suppose there are M transmitter antennas 


and N receiver antennas. 


Transmitter } ii —| Receiver 


Figure 8.3.1 The basic model of MIMO system 


The received signal can be written as: 
y = Hx +n te aa) 
where the transmitting signal is x=| x 22.7 ,TM |, the receiving signal is y 一 [vi y; ，…， 
hi his a him 
yn], the channel is H=| : : : Jand n is the noise in the system. 
h N1 h N32 TAS h NM 
Data to be transmitted is divided into independent data streams. The number of 
streams M is always less than or equal to the number of antennas N; in the case of 
asymmetrical (min) antenna constellations. it is always smaller or equal the minimum 
number of antennas. For example. a4 *4 system could be used to transmit four or fewer 
streams, while a3 X2 system could transmit two or fewer streams. When M antennas are 
used at both the transmitter and the receiver, and M is large. then the theoretical 


maximum capacity C increases linearly with the number of streams M'*!, 


C = MBlog (1-- X | (8; 3.23 
i 

According to the number of users, there are two types systems; SU-MIMO and MU- 
MIMO, as shown in Figure 8. 3. 2. 

(1) When the data rate is to be increased for a single UE. this is called Single User 
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MIMO (SU-MIMO) ; 

(2) When the individual streams are assigned to various users, this is called Multi 
User MIMO (MU-MIMO). This mode is particularly useful in the uplink because the 
complexity on the UE side can be kept to a minimum by using only one transmit antenna. 
This is also called ‘collaborative MIMO'. 


(a) SU-MIMO system (b) MU-MIMO model 


Figure 8.3.2 SU-MIMO and MU-MIMO systems 


Antenna technologies are the key in increasing network capacity. Beamforming is the 
method used to create the radiation pattern of an antenna array. It can be applied in all 
antenna array systems as well as MIMO systems. 

In MIMO systems, the space-time block-codes (STBC) are widely used, which 
involves the transmission of multiple redundant copies of data to compensate for fading and 
thermal noise in the hope that some of them may arrive at the receiver in a better state than 
others. In the case of STBC in particular, the data stream to be transmitted is encoded in 
blocks, which are distributed among spaced antennas and across time. An STBC is usually 
represented by a matrix. Each row represents a time slot and each column represents one 
antenna’s transmissions over time. Space-time codes combine spatial and temporal signal 
copies as illustrated in Figure 8. 3. 3. The signals s; and s; are multiplexed in two data 
chains. After that, a signal replication is added to create the Alamouti space-time block 
code, 

transmit antennas 


511 $12. ** Siar 


time-slots 530 $22 5 Siny 
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(a) Space-time character (b) STBC for 2 antennas 


Figure 8.3.3 The space-time codes 


8.3.2 Applications 


1. LTE 
LTE can use transmit diversity (MISO) and receive diversity (SIMO) as well as 
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beamforming, either alone or in combination with MIMO. For LTE and LTE Advanced, 
successive 3GPP standards releases increase transmission complexity, beginning with 
release 8, which introduced transmission mode 7 (TM7), which supports single layer 
beamforming. Release 9 added TM8, which supports dual layer beamforming (i. e. 2 X 2 
MIMO with beamforming) and Release 10 adds TM9, which supports up to 8x 8 MIMO 
with beamforming. The conceptual diagram of adopted 8X 8 LTE terms is illustrated in 
Figure 8, 3. 4. 
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Figure 8.3.4 Conceptual diagram of adopted 8X8 LTE terms 


The terms “codeword,” "layer." “precoding,” and “beamforming” have each been 
adopted specifically for LTE to refer to signals and their processing. The terms shown in 
Figure 8. 3. 4 are used in the following ways: 

* Codeword: A codeword represents user data before it is formatted for 
transmission. In the most common case of single-user MIMO (SU-MIMO), up to 
two codewords are sent to a single handset or user equipment (UE). 

* Layer (or stream): For MIMO, at least two layers must be used. Up to four for 
LTE and eight for LTE-A are allowed. The number of layers is always less than or 
equal to the number of antenna ports. The receiver needs at least as many antenna 
ports as the number of layers. 

* Precoding: Precoding modifies the layer signals before transmission. This may be 
done for diversity. beamforming. or spatial multiplexing. The MIMO channel 
conditions may favor one layer (data stream) over another. If the spatial 
multiplexing is closed loop. the UE provides a precoding matrix indicator (PMID so 
the eNB can cross-couple the streams to counteract the imbalance in the channel. 

* Beamforming: Beamforming modifies the transmit signals to give the best carrier- 
to-noise interference plus noise ratio (CINR) at the output of the channel. 
normally by maximizing antenna gain in the direction of a particular UE. It may 
also be set to minimize gain in the direction of a second UE which is managed by 


another base station (eNB). 
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The basic concept for LTE in downlink is OFDMA (Uplink; SC-FDMA), while 
MIMO technologies are an integral part of LTE. Modulation modes are QPSK, 16QAM, 
and 64QAM. Peak data rates of up to 300 Mb/s (4X4 MIMO) and up to 150 Mb/s (2X2 
MIMO) in the downlink and up to 75 Mb/s in the uplink are specified. 

In order to keep the complexity low at the UE end, MU-MIMO is used in the uplink. 
To do this. multiple UEs, each with only one Tx antenna, use the same channel. 

2. WiMAX 

The WiMAX 802. 16e-2005 standard specifies MIMO in Wireless MAN-OFDMA 
mode. This standard defines a large number of different matrices for coding and 
distributing to antennas. In principle. two. three or four TX antennas are possible. For 
all modes, the matrices A, B. and C are available. In the “STC encoder” block. the 
streams are multiplied by the selected matrix and mapped to the antennas. The downlink 
MIMO WiMAX system is shown in Figure 8. 3. 5. 


| . Sub-carrier 
Encoder + Modulation Mapping/ 
PRBS 


STC 


encoder 


Sub-carrier| | 
Modulation Mapping/ 
PRBS 


Figure 8.3.5 WiMAX Downlink 


In Uplink- MIMO only different pilot patterns are used. Coding and mapping is the 
same like in non-MIMO case. In addition to single user MIMO (SU-MIMO) two different 
user can use the same channel (collaborative MIMO, MU-MIMO). 

3. Radar 

Like MIMO communications, MIMO radar offers a new paradigm for signal 
processing research. MIMO radar possesses significant potentials for fading mitigation, 
resolution enhancement, and interference and jamming suppression. Fully exploiting these 
potentials can result in much improved target detection and recognition performance. 

Known MIMO radars may be divided into two classes, as shown in Figure 8. 3. 6: 

(1) MIMO radars with collocated antennas and coded signals; 

(2) Radars with widely separated antennas. the so-called “Statistical MIMO radars”. 

The main areas of research are focused on : 

(1) Synthetic aperture radar (SAR) MIMO; 

(2) MIMO radar using compressive sampling; 

(3) UWB MIMO radar for through the wall and medical imaging; 

(4) Performance of MIMO radar with angular estimation and targets tracking; 

(5) Signaling strategies for hybrid MIMO phased-array radar. 


One of the important applications of MIMO SAR is on high resolution microwave 
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(a) Statistical MIMO radars (b) Collocated MIMO radar 


Figure 8.3.6 MIMO radar models 


imaging. a technology which can connect to a huge variety of emerging industries including 
airport security checks as well as auto piloting. Following Figure 8. 3.7 is the 3D imaging 


results? i 


< 


(a) The 3D model of airplane (b) The 3D SAR MIMO imaging 


Figure 8.3.7 The comparison of 3D imaging 
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Experiment 1 Continuous-wave modulation (Corresponding 
to Chapter 4) 


1. Introduction 

The principles of the CW modulation, including the AM/DSB/FM communication 
systems will be studied in this experiment. 

At the end of this experiment. you should have learned; 

* the simple procedure of CW modulation. 


* the concepts of modulation and demodulation. 


the effects of proportional. integral and derivative actions. 
* how to carry out simulations using MATLAB software. 

2. Description of CW modulation 

1) Block diagram 

The CW modulation system is illustrated in Figure A. 1. 


Estimate of 


Message — Weenie Modulated Channel 
: message signal 


， — Demodulater 
signal wave output 


Sinusoidal 
carrier wave 


(a) transmitter (b) receiver 


Figure A.1 Component of a continuous-wave modulation 


In basic signal processing terms, we find that the transmitter of an analog 
communication system consists of a modulator and the receiver consists of a demodulator: 
as depicted in Figure A. 1. In additional to the signal received from the transmitter, the 
receiver input includes channel noise. 

For the demodulation, here we use the coherent detection to recover the message 


signal m(t), as can be seen in Figure A. 2. 
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Sa) "T 
(£) $ D m"t) 


aX c(t) 
Figure A.2 The demodulation of coherent detection 


2) The model of AM system and simulation 


The generation principle of AM is shown in Figure A. 3. 


m(t) ss (f) 


Ap cosa@.t 
Figure A.3 The generation of AM 


Suppose the modulating signal m (1) is single tone signal cosw.t, so the modulated 
signal can be given by: 
Sam(t) = Aocosw,.t + m(t) coswet (1) 
3) The model of DSB system (see Figure A. 4) 


m(t) T Smt) 


cosa, Í 
Figure A.4 The modulation of DSB 


4) The principle of FM system and simulation 
The frequency modulated signal is described in the time domain by 


str) — A.cos[ 2x f.t + 2x; | m(t)dr | (2) 
ü 


The time domain and frequency domain of an FM signal are plotted in Figure A. 5. 


1.0 


NAMA A A MM ANA N 
VOU VU UU V V V V f 


(a) Time domain (b) frequency domain 
Figure A. 5 Time domain and frequency domains waveforms of a FM Signal 


3. MATLAB simulations for CW modulation 
1) AM simulation 
Step 1: start MATLAB and type the following commands at the prompt 
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>> a0 = 2;f0= 10;fc= 50;fs= 1000,;snr= 5; 

t=[ -20:0.001:20]: 

aml = cos(2 * pix f0*t); % message signal 

am = a0 + aml; 

tl = cos(2 * pi * fc * t); % carrier wave 

S am- am. * t1; 

AM1 = fft(am1); T1 = fft(t1); S AM- fft(s am); 

f = (0:40000) * £s/40001 - £s/2; 

subplot(3,2,1); plot(t(19801:20200),am1(19801:20200)); title( message signal'); 
subplot(3,2,2); plot(f,fftshift(abs(AM1))); title( spectrum of message signal '); 
subplot(3,2,3); plot(t(19801:20200),t1(19801:20200)); title('carrier wave '); 
subplot(3,2,4); plot(f,fftshift(abs(T1))); title('spectrum of carrier wave '); 
subplot(3,2,5); plot(t(19801:20200),s am(19801:20200)); title( modulated signal'); 
subplot(3,2,6); plot(f,fftshift(abs(S AM))); title('spectrum of modulated signal'); 


Click "Enter". you can get the simulations of the AM process. Copy the results in the 


following blank (see Figure A. 6). 


S DERE Spectrum of message signal 


] 
0 
—500 0 500 
i; Carrier wave aX 104 Spectrum of carrier wave 
25] | | 0 
—0.2 —0.1 0 0.1 0.2 —500 0 500 
5 Modulated signal a 5x 104 Spectrum of modulated signal 
2 
0 
—0.2 —0.] 0 0.1 0.2 —500 0 500 


Figure A.6 AM simulation results 
Step 2: add the noise to the modulated signal 


>> % Add noise 

y= awgn(s am,snr); % Hir A 

a= [35,65];b= [30,70]; 

Wp = a/(fs/2);Ws = b/(fs/2);Rp=3; Rs= 15; 

[N,Wn] = Buttord(Wp, Ws, Rp, Rs) ; 

[B,A] = Butter(N, Wn, 'bandpass'); 

q= filtfilt(B,A, y); 

Q- f£t(q);Y = EEt{y); 

subplot(2,2,1);plot(t(19801:20200), y(19801:20200) );title( ‘signal with addictive noise '); 
subplot(2,2,2);plot(f,fftshift(abs(Y)));title(' signal spectrum with addictive noise '); 
subplot(2,2,3);plot(t(19801:20200),q(19801:20200));title('The signal after the BPF '); 
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subplot(2,2,4); plot(f,fftshift(abs(Q)));title('The signal spectrum after the BPF '); 


Click “Enter”. you can get the simulations of the AM signal with noise. Copy the results 


in the following blank (see Figure A. 7). 


Signal with addictive noise 4 X 104 Signal spectrum with addictive noise 


tad 


—0.2 —0.1 0 0.1 0.2 —500 0 500 


6 x 10* The signal spectrum after the BPF 


—0.2 —0.1 0 0.1 0.2 —500 0 500 


Figure A. 7 The modulated signal with noise 
Step 3: the demodulation process 


>> ss am= q. * tl; 

Wp = 15/(fs/2);Ws = 40/(fs/2);Rp=3; Rs = 20; 

[N,Wn] = Buttord(Wp,Ws,Rp,Rs) ; 

[B, A] = Butter(N, Wn, 'low') ; 

m0 = filtfilt(B,A,ss am); 

MO = fft(m0); 

subplot(2,1,1);plot(t(19801:20200),m0(19801:20200) );title( Demodulated signal'); 
subplot(2,1,2); plot(f,fftshift(abs(MO)));title('spectrum of demodulated signal '); 


The demodulated signal result of AM modulation signal can be get, Copy the result in the 
following blank(see Figure A. 8). 

2) DSB simulation 

Step 1: the signal generation at the transmitter 

>> dt = 0.0000001; 

t= 0:dt:0.005; 


fl = 2000; & message frequency 
m=cos(2 * pix f1* t); 


figure(1); 
subplot(311);plot(t,m);title( ' 模 拟 信 源 (a) ');axis([0,0.001, - 1.5,1.5]); 
%%%%%% carrier wave EEEEEEEESEEES 


fc = 1000000; % carrier frequency 

c=cos(2* pi * fc* t); 

subplot(312);plot(t,c);title( X JE fu 9 (b)');axis([0,0.00001, — 1.5,1.5]); 
SELES% DSB modulation S%¥%¥EEESEEEESES 
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Demodulated signal 


一 一 一 一 所 一 一 一 一 于 一 一 一 一 
一 一 一 一 f 一 一 一 一 于 一 一 一 一 


—500 -400 -300 -200 -100 0 100 200 300 400 500 
Figure A.8 The recovery signal and its spectrum 


s=m. * c; $ DSB signal 
subplot(313);plot(t,s);title('DSB {8-5 (c)');axis([0,0.001, —1.5,1.5]); 


You can get the simulation of the DSB signal. Copy the result in the following blank(see 
Figure A. 9). 


0 0.1 02 03 04 O58 06 07 08 0.9 l 


(a) Analog signal source 


0 0.1 02 03 04 05 06 07 08 0.9 ] 


(b) Carrier wave 


(c) DSB signal 


Figure A.9 The simulation of DSB signal 
Step 2: the multipath propagation and noise in channel 


> al = 0.9; 直射 波 衰减 
a2 = 0.7; 名 反射 波 衰减 
t2 = 0.0001; 名 反射 波 时 延 
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sl-al*s; 接收 直射 波 

s2 = a2 *cos(2* pix f1* (t+t2)). xcos(2 关 Pixfcx(t+t2)); 委 接收 反射 波 

x= Sl+ s2; 旬 总 接收 信号 

xl = awgn(x, 10); $ JMA HARE 信 品 比 为 10 

figure(2) ; 

plot(t, x1) ;title( Bel 9m [ri ( 244 + WR) (£)');axis([0,0.001, - 3,3]); 

You can get the simulation of the AM signal with multipath & noise. Copy the result in 
the following blank(see Figure A. 10). 


Received signal ( multipath +noise) 


x? 


Figure A. 10 The multipath signal with noise 
Step 3: the band pass filter 


>> wl = 2 «dt * (fc — fi- 20); 

w2=2xdtx (fc + f1 +20); 

[c,d] = butter(4,[w1 w2], 'bandpass'); % 4 Bf butterworth JE JE 25 

x2 = filter(c,d,x1); % 信号 通过 带 通 滤波 器 

figure(3); 

plot(t,x2);title( ' 信 号 通过 市 通 滤波 器 (d) ');axis([0,0.003, — 1.5,1.5]); 


Copy the result in the following blank(see Figure A. 11). 


The signal passed through a bandpass filter 


Figure A.11 The output signal of band pass 
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Step 4: demodulation 


>> x3 =cos(2* pix fce * t). * x2; + 5R WHE 

w=2* dt * (f1+500); 

[p,q] = butter(4,w, 'low'); % 4 r butterworth [IKiB JE JX #5 

x4 = filter(p,q, x3); % fp S JB 0 IE ABB US DX a 

figure(4); 

plot(t,x4);title( ' 信 号 相干 解 调 .通过 低 通 滤波 器 ');axis([0,0. 003, -1,1]); 


Copy the final recovery signal of the DSB system in the blank(see Figure A. 12). 


The signal recovered by the coherent modulation 


Figure A.12 The recovery signal 


3) FM simulation 


Step 1: the generation of FM signal(time domain) 


>> dt = 0.001; % 设 定 时 间 步 长 

t = 0:dt:1.5; % 产生 时 间 疝 量 
am=5; % 设 定 调制 信号 幅度 
fm= 5; 5 设 定 调制 信号 频率 
mt = am * cos(2 * pi * fm * t); 生成 调制 信号 
fc = 50; 设 定 载波 频率 

ct = cos(2 * pix fc * t); $$ 生成 载波 

kf = 10; % 设 定 调频 指数 


int mt(1) =0; 
for i=1:length(t) 一 1 


int mt(it+1) = int mt(i) +mt(i) * dt; & ok fm m(t) 的 积分 
end $ 调制 ,产生 已 调 信 号 
sfm=am*cos(2* pix fc*t+2*pi*kf* int mt); 名 调制 信号 
figure(1) 
subplot(3,1,1);plot(t,mt) ; % 绘制 调制 信号 的 时 域 图 


xlabel( ' 时 间 t'); 

title( ' 调 制 信和 号 的 时 域 图 '); 

subplot(3,1,2);plot(t,ct); % 绘制 载波 的 时 域 图 
xlabel( ' 时 间 七 ') ; 

title( ' 载 波 的 时 域 图 ') ; 

subplot(3,1,3); 
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plot(t,sfm); 外 绘制 已 调 信 号 的 时 域 图 

xlabel( ' 时 间 t'); 

title( ' 已 调 信号 的 时 域 图 ') ; 

Click Enter. The time domain of the message signal/carrier wave/FM can be get. Copy 


the results in the next blank(see Figure A. 13). 


Message signal 


Carrier wave 


0.5 f I 1.5 


Modulated signal 


WI M 由 
ii 由 | | iN | 


Figure A. 13 The process to generate the FM signal 


L E 


Step 2: the FM signal (frequency domain of message signal and modulated signal) 


>> ts = 0. 001; s; 抽样 间隔 
fs = 1/ts; $ 抽样 频率 
df - 0.25; * JOT is HY AL SE op PESE, FE E HIE ARR. E, deos FT 的 最 小 频率 间 隅 
& eene 对 调制 信号 mE) RAEE RE BR xxxxx 
m= am * cos(2 * pi * fm * t); & 原 调 信号 
fs=1/ts; 
if nargin == 2 

nl =0; 
else 

nl = fs/df; 
end 


n2 = length(m) ; 
n= 2 "(max(nextpow2(n1),nextpow2(n2))); 
M= fft(m,n); 


m= [m,zeros(1,n- n2)]; 


dfl = fs/n; % 以 上 程序 是 对 调制 后 的 信号 求 傅 里 叶 变换 
M = M/fs; 缩放 ,便于 在 频谱 图 上 整体 观察 

f = [0:df1:df1 * (length(m) - 1)] - £s/2; 

fs= 1/ts; 


if nargin == 2 
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nl - 0; 
else 
nl = fs/df; 
end 
n2 = length(sfm) ; 
n= 2 *(max(nextpow2(n1),nextpow2(n2))); 
U= fft(sfm,n); 


u-[sfm,zeros(1,n- n2)]; 


df1 = fs/n; % LL EEX Oy RS Oe SE ER np AE 

U= U/fs; 

figure(2) 

subplot(2,1,1) 

plot(f,abs(fftshift(M))) % fftshift: [A FFT 中 的 DC 分 量 移 到 频谱 中 心 


xlabel( ' 频 率 £') 

title( ' 原 调制 信号 的 频谱 图 ') 
subplot(2,1,2) 
plot(f,abs(fftshift(U))) 
xlabel( ' 频 率 £') 

title( ' 已 调 信 号 的 频谱 图 ') 


Copy the spectrum results and compare these two spectrums(see Figure A. 14). 


The spectrum of message signal 


0 | ol be, 
—500 —400 —300 -200 -100 0 100 200 300 400 500 
J 


The spectrum of modulated signal 


0 有 ies 
—500 -400 -300 -200 -100 0 100 200 300 400 500 
f 


Figure A. 14. The spectral comparison before and after modulation 
Step 3: add noise to FM signal (three types: low SNR/High SNR/no noise) 


Sg xoexaeexsexexoexx TIS TII A IT Ed IR pH eee xx xen xx 


snl = 10; % ix E fu HE UG E) 
sn2 = 30; % ix E fu EL (KR BL) 
sn= 0; % iE (ae Eas E) 


db-am^2/(2* (10^(sn/10))); 和 当 计 算 对 应 的 高 斯 白 噪 声 的 方差 
n= sqrt(db) * randn(size(t)); 当 生 成 高 斯 日 噪声 
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nsfm= n+ sfm; ss 生成 含 高 斯 日 噪声 的 已 调 信号 (信号 通过 信道 传输 ) 
Step 4: demodulation (without noise ) 


>> for i=1:length(t) 一 1 s 接收 信号 通过 微分 器 处理 
diff_nsfm(i) = (nsfm(i+1)— nsfm(i))./dt; 

end 

diff nsfmn = abs(hilbert(diff nsfm)); & hilbert $Œ $4 R 44 Of [EL 18 38] BREST s E CER SCRI UE) 

zero = (max(diff nsfmn) ~ min(diff_nsfmn))/2; 

diff nsfmnl = diff nsfmn- zero; 

figure(3) 

subplot(3,1,1);plot(t,mt); & 绘制 调制 信号 的 时 域 图 

xlabel( ' 时 间 t'); 

title( ' 调 制 信号 的 时 域 图 ')， 

subplot(3,1,2);plot(t, sfm) ; & 绘制 已 调 信 号 的 时 域 图 

xlabel( ' 时 间 七 ') ， 

title( ' 无 噪声 条 件 下 已 调 信号 的 时 域 图 ') ， 

nsfm = sfm; 

for i=1:length(t) -1 % 接收 信号 通过 微分 器 处 理 
diff nsfm(i) = (nsfm(i+1)— nsfn(i))./dt; 

end 

diff nsfmn = abs(hilbert(diff nsfm)); % hilbert 变换 , 求 绝 对 值得 到 瞬时 幅度 ( 包 络 检 波 ) 

zero = (max(diff nsfmn) — min(diff nsfmn))/2; 

diff nsfmnl = diff nsfmn - zero; 

subplot(3,1,3); & 绘制 无 噪声 条 件 下 解 调 信和 号 的 时 域 图 

plot((1:length(diff nsfmn1))./1000,diff nsfmnl./400, 'r'); 

xlabel( ' 时 间 t'); 

title( ' 无 噪声 条 件 下 解 调 信号 的 时 域 图 '); 


Copy the simulation process of FM without noise in the following blank(see Figure A. 15). 


Message signal 


Figure A. 15 The recovery signal without noise 
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Step 4: demodulation (with low SNR) 


>> figure(4) 

subplot(3,1,1);plot(t,mt); % 绘制 调制 信号 的 时 域 图 

xlabel( ' 时 间 t'); 

title( ' 调 制 信号 的 时 域 图 ')， 

dbl-am^2/(2* (10^(sn1/10))); 涩 计算 对 应 的 小 信 品 比 高 斯 白 噪 声 的 方差 
nl = sqrt(db1) * randn(size(t)); % Æ RAWAM 


nsfml = nl + sfm; & ERE Wr ER PS ed fem Cfi m XB ae TRI PB ) 
for i-l:length(t)- 1 接收 信号 通过 微分 带 人 处理 


diff nsfml(i) = (nsfml(i+1)— nsfn1(i))./dt; 
end 
diff nsfmnl = abs(hilbert(diff nsfml)); % hilbert 变换 , 求 绝 对 值得 到 瞬时 幅度 ( 包 络 检 波 ) 
zero = (max(diff nsfmn) - min(diff nsfmn))/2; 
diff nsfmnl = diff nsfmnl ~ zero; 
subplot(3,1,2); 
plot(1:length(diff nsfm),diff nsfm); s the 7] foi PR EU reg Hr E DAR SES. ARASH RA 
xlabel( ' 时 间 t'); 
title( ' 含 小 信 噪 比 高 斯 白 噪 声 已 调 信 号 的 时 域 图 '); 
subplot(3,1,3); & 绘制 含 小 信 噪 比 高 斯 日 噪声 解 调 信 号 的 时 域 图 
plot((1:length(diff nsfmn1))./1000,diff nsfmnl./400, 'r'); 
xlabel( ' 时 间 t'); 
title( ' 含 小 信 噪 比 高 斯 白 噪 声 解 调 信 号 的 时 域 图 '); 


Copy the simulation process of FM with low SNR in the following blank (see Figure A. 16). 


Message signal 


Ü 0.5 ] 1.5 
f 


Modulated signal with low SNR 


500 1000 1500 


The recovery signal(low SNR) 


j 


Figure A. 16 The recovery signal with low SNR 
Step 4: demodulation (with high SNR) 


>> figure(5) 


附录 A。 MATLAB 仿 真实 验 [le 147 


subplot(3,1,1);plot(t,mt) ; % 绘制 调制 信号 的 时 域 图 

xlabel( ' 时 间 七 ')， 

title( ' 调 制 信号 的 时 域 图 '); 

dbl = am*2/(2* (10^(sn2/10))); 要 计算 对 应 的 大 信 噪 比 高 斯 白 噪 声 的 方差 
nl = sqrt(dbl) * randn(size(t)); 多 生成 高 斯 白 品 声 


nsfml = nl + sfm; 先生 成 含 高 斯 日 噪声 的 已 调 信号 (信号 通过 信道 传输 ) 
for i=1:length(t) - 1 和 接收 信号 通过 微分 器 人 处理 

diff_nsfm1(i) = (nsfml(i-1)- nsfm1(i))./dt; 
end 


diff nsfmnl = abs(hilbert(diff nsfml)); $ hilbert 变换 , 求 绝 对 值得 到 瞬时 幅度 ( 包 络 检 波 ) 
zero = (max(diff nsfmn) - min(diff nsfmn))/2; 


diff nsfmnl = diff nsfmnl — zero; 


subplot(3,1,2); 

plot(1:length(diff nsfml),diff nsfml); $ 22 dl RIE IR EL ES Er EIER ES D, yf 
% 的 时 域 图 

xlabel( ' 时 间 七 ') ，; 

title( ' 含 大 信 品 比 高 斯 日 噪声 已 调 信 号 的 时 域 图 ') ; 

subplot(3,1,3); % 绘制 含 大 信 噪 比 高 斯 日 噪声 解 调 信和 号 
% 的 时 域 图 


plot((1:length(diff nsfmn1))./1000,diff nsfmn1./400, 'r'); 
xlabel( ' 时 间 上 七 ') ; 
title( ' 含 大 信 咯 比 高 斯 日 噪声 解 调 信 号 的 时 域 图 ') ; 


Copy the simulation process of FM without high SNR in the following blank(see Figure A. 17). 


Message signal 


Modulated signal with high SNR 


Jefe eee 


-e 
一 一 一 一 


500 1000 1500 
Í 


The recovery signal(high SNR) 


Figure A.17 The recovery signal with high SNR 


4. Discussion the results 
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Experiment 2 Pulse modulation (Corresponding to 
Chapter 5) 


1. Introduction 

The principles of the pulse modulation are studied in this experiment, including the 
sampling process. quantization and the PCM communication systems. 

At the end of this experiment, you should have learned: 

* the principle of sampling theorem. 

e the simulink simulation for sample& hold. 

* the PCM process. 

* how to carry out simulations using MATLAB software. 

2. Pulse modulation 

1) Principle of sampling theory 

Sampling: an analog signal is converted into a corresponding sequence of samples, as 


shown in Figure A. 18. 


g(t) 


instantaneous sampled version of 


Analog signal the analog signal 


Figure A.18 The sampling process 


There are two different methods to get the simulations of the sampling and its 
reconstruction in MATLAB. Suppose the analog signal is sine wave. 


Method 1; use the. m function to realize the sampling process 


clear; 

f= 1000; 信号 频率 

fs = 10000; 名 采样 频率 

dt = 0.00001; 

tl =1/f;ts =1/fs; 

n=1:400; 

m= 1:40; 

t=ts*n; 

x= sin(2 * pix £* n* dt); 
subplot(311);plot(n/100, x); 
title( fii 9"); 

xs =sin(2* pix f * t); 
subplot(312);stem(m/10, xs); 
title( ' 采 样 信号 '); 

5% 设计 一 个 低 通 的 FIR 滤波 从 S 
wp = 2 * 1500/8000; 

w= blackman(1 +1); 
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h= firl(1,wp, low',w); 

xr = filter(h,1,xs); 

subplot(313);plot(m/10,xr); 

title( GE & fii '); 

You can get the simulation of the sampling process. Copy the result in the following blank 
(see Figure A. 19). 


signal 


0 0.5 ] 1:5 2 2:3 3 3.3 4 


sampling signal 
(ie, so ms cns. 
L JE EO pP e 


E 


_ T J [zx 


Figure A. 19 The sampling signal and its recovery 


Method 2: the sample and hold circuit (Use the simulink to simulate this process) 
Create a new model file and then find the following modules. as shown in Figure 


A. 20. (You can find these modules from view-^library browser. ) 


» samplingusingsampleandhold * a — 


File Edit View Simulation Format Tools Help 
O | H st BOeleort| Re > mfo [Normal 


Figure A.20 The modules in Simulink 


The parameter setting of each module is shown in Figure A. 21. 
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Wi Source Block Para ters: Sine Wave 


i Sine Wave 


| Output a sine wave: 
I O(t) = Mmp*Sin(Fregq*t+Phase) + Bias 


Sine type determines the computational technique used. The 
parameters in the two types are related through: 


Samples per period = 2*pi / (Frequency * Sample time) 
Number of offset samples = Phase * Samples per period / (2*pi) 


Use the sample-based sine type if numerical problems due to running 
for large times (e.g. overflow in absolute time) occur. 


Parameters 


Time (t): |Use simulation time - 


Amplitude: 


Frequency (rad/sec): 


1000 


Phase (rad): 
0 


| Sample time: 


1/20000 | A 


Pulse Generator 


Output pulses: 


if (t >= PhaseDelay) && Pulse is on 
Y(t) = Amplitude 

else 
Yit) = 0 

end 


Pulse type determines the computational technique used. 
Time-based is recommended for use with a variable step solver, 
while Sample-based is recommended for use with a fixed step 
solver or within a discrete portion of a model using a variable 


step solver. 


Parameters 


Pulse type: | Time based -| 


Time (t): |Use simulation time = 


Amplitude: 
1 


Period (secs): 


0. 0009 


Pulse Width (X of period): 
50 


Phase delay (secs): 


i = -N => 


(b) The parameter setting of Pulse generator 


Figure A.21 The parameters settings 
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- Mux 


Multiplex scalar or vector signals. 


Parameters 


Number of inputs: 


(c) The parameter setting of Mux 


Figure A. 21 (2£) 


The simulation result is shown in Figure A. 22. 


m 


—€——— PÓ— I 


$ 


X | 


Figure A. 22 The simulation result in simulink 


2) The process of PCM system 


There are three steps in the process of digitizing an analog signal: sampling. 


quantization and coding. As can be seen in Figure A. 23. the output signal is PCM, 


Sampling | Quantizing Encoding 


Basic operations of PCM 


Figure A. 23 The process of PCM 


step 1: here we also use the sine signal as the original signal 


clear all; 

close all; 

$ 建立 原 信 和 号 

dt = 0.002; 

t=0:dt:10; 

fc=1 

xt = sin(2 * pi * fc * t) + cos(2 * pi * fc * t); 


% Br IRI RIS 7 0.01 

和 以 dt Jy [RI Bra A. o 到 10 画图 
% xt 里 最 大 频率 

% xt 方程 
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采样 : 时 间 连 续 信号 变 为 时 间 离 散 模 拟 信号 


fs - 10; s 抽样 fs > = 2fc, 每 秒 内 的 抽样 点 数目 将 等 于 或 大 于 2fc 个 
sdt = 1/fs; % AL HE FE |B] By 0.1 

tl = 0:sdt:10; $$ 以 sdt 为 则 隅 从 0 到 10 画图 
st = sin(2 * pi * fc * t1) + cos(2 * pi* fc* t1); %coswt = cos2pift,2pif = W 
figure(1); 

subplot(311); 

plot(t,xt);title( ' 原 始 信 号 ') ; 条 状 图 ,连续 图 

grid on % (Hl TT x 

subplot(312) ; 

stem(t1l,st,'.'); s 杆 状 图 ,离散 图 

title( ' 抽 样 信号 '); 

grid on s HEE 


$$ 量化 编码 一 步 完 成 

n= length(st); t Bü st 的 长 度 为 n, ARAA n W101 
M = max(st); 
A = (st/M) * 2048; 

% al (MEPS) a2a3a4( Et TA TS) 852862788 ( Ez V E FI ) 


code = zeros(n,8); SPE ix 8 FER 
% IR EIS al 
for i=1:n % if 循环 语句 
if A(i)>=0 
code(i,1) =1; s REER 
else 
code(i,1) =0; % 代表 人 负 值 
end 


% 段 内 码 a2a3a4 
if abs(A(1))» = O&&abs(A(1))« 16 

code(i,2) = 0;code(1,3) = 0;code(i,4) = 0;step=1;start = 0; 
elseif 16 <= abs(A(1i))&&abs(A(1))« 32 

code(i,2) = 0;code(i,3) = 0;code(i,4) =1;step=1;start = 16; 
elseif 32 <= abs(A(1))&&abs(A(1))« 64 

code(i,2) = 0;code(i,3) = 1;code(i,4) = 0;step = 2;start = 32; 
elseif 64 <= abs(A(i))&&abs(A(i))« 128 

code(i,2) = 0;code(i,3) = 1;code(1,4) =1;step = 4; start = 64; 
elseif 128 <= abs(A(i))&&abs(A(i) )< 256 

code(1,2) = 1;code(1,3) = 0;code(1,4) = 0;step = 8; start = 128; 
elseif 256 <= abs(A(i))&&abs(A(i))<512 

code(i,2) = 1;code(i,3) = 0;code(i,4) =1;step = 16; start = 256; 
elseif 512 <= abs(A(i))&&abs(A(i) )< 1024 

code(1,2) = 1;code(1,3) = 1;code(i, 4) = 0; step = 32; start = 512; 
elseif 1024 < = abs(A(1))&&abs(A(1i))« 2048 

code(i,2) = 1;code(i,3) =1;code(i,4) =1;step = 64; start = 1024; 
end 


B= floor((abs(A(i))- start)/step) ; s RABI floor HH 4&5 人 


t = dec2bin(B, 4) - 48; % dec2bin 定义 将 B 变 为 4 位 二 进 制 码 , -48 改变 格式 
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code(i,5:8) =t(1:4); $$ 输出 段 内 人 码 
end 
code = reshape(code', 1,8 * n); % reshape 代表 重新 塑 形 
code 
subplot(313); 


stem(code, '. ');axis([1 1000 1]); 
title( ' 编 码 信 号 '); 


grid on 


Save these code as. m file. and run it. Copy the result in the following blank(see Figure A, 24). 


Original signal 


Figure A. 24 The simulation process of PCM 


Step 2: we change the sine wave to the speech signal. The speech file is testli. wav. Open 


it in MATLAB using wavread function(see Figure A. 25) 


[[x,fs,bits] = wavread( testl.wav'); 
subplot(211);plot(x);title( ' 抽 样 信号 '); 
n= length(x); 
M = max(x); 
A = (x/M) * 2048; 
code = zeros(i,8); 


for LI = ]1:n 


if A(i)>=0 
code(i,1) =1; 
else 
code(i,1) =0; 
end 


if abs(A(1))» = 0&&abs(A(1))« 16 

code(i,2) = 0;code(i,3) = 0;code(i,4) =0;step=1;start = 0; 
elseif 16 <= abs(A(i))&&abs(A(1))« 32 

code(i,2) = 0;code(1,3) = 0;code(1,4) =1;step=1;start = 16; 
elseif 32 <= abs(A(i))&&abs(A(i))< 64 
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code(i,2) = 0;code(i,3) » 1;code(i,4) = 0;step - 2;start = 32; 
elseif 64 <= abs(A(1))&&abs(A(1))« 128 

code(i,2) = 0;code(i,3) = 1;code(i,4) =1;step= 4;start = 64; 
elseif 128 <= abs(A(1))&&abs(A(1))« 256 

code(1,2)71;code(1,3) = 0;code(1,4) = 0;step= 8; start = 128; 
elseif 256 <= abs(A(i))&&abs(A(i))<512 

code(i,2) = 1;code(i,3) = 0;code(1,4) =1;step = 16; start = 256; 
elseif 512 <= abs(A(i))&&abs(A(i))< 1024 

code(i,2) = 1;code(i,3) = 1;code(1,4) = 0; step = 32; start = 512; 
elseif 1024 <= abs(A(1))&&abs(A(1))« 2048 

code(i,2) = 1;code(i,3) = 1;code(1,4) =1;step = 64; start = 1024; 
end 
B= floor((abs(A(i)) - start)/step) ; 

t = dec2bin(B, 4) — 48 
code(i,5:8) =t(1:4); 

end 
code = reshape(code',1,8 * n); 
code 
subplot(212); 
stem(code, '. ');axis([300000 3005000 1]); 
title( ' 编 码 信 号 ') 


grid on 


Sampling signal 


X 104 
Coded Tm 


3.0005 3.001 3.0015 3.002 3.0025 Hl 3.0035 3.004 3.0045 3.005 


X 105 


a 


一 
c 
[一 


一 
iD 


二 二 二 二 二 一 = 上 二 = 一 = 上 二 = 一 


EE. 
+ =) 
UJ 8 — —1———I — 1 — —I — — 


Figure A. 25 The PCM signal of voice signal 


Step 3: the encode and decode process of PCM 
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The principle is as following flow chart Figure A. 26. 


Input signal 


Judge positive and 
negative 


Normalization and 
quantification 
A Segment 
judgement 
Inner-segment 
judgement 


Output 


Figure A. 26 The flow chart of PCM 


The encode function is saved as pcm. m 


% PCM 编码 程序 

function code = pem(S) #%S 为 输入 信号 

z= sign(S); 名 判断 S AY TE TA 

MaxS = max(abs(S)); SR 5 的 最 大 值 

S = abs(S/MaxS) ; & 归 一 化 

Q = 2048 * S; % 量化 

code = zeros(length(S),8); % RETER EF) 
% Brie BS Fl BRE 


for i= 1:length(S) 
if (Q(i)» = 128)&(Q(i)« = 2048) 


code(i,2) = 1; $6 在 第 五 段 与 第 八 段 之 间 , 段 位 码 第 一 位 都 为 "1" 
end 
if (0(i)» 32)&(Q(i)<128) || (Q(i)>=512)&(O(i)< = 2048) 

code(i,3) =1; $ 在 第 三 四 七 八 段 内 ,有 段位 码 第 二 位 为 "1" 
end 


if (Q(i)>= 16)&(Q(i)< 32) | | (Q(i)> = 64)&(Q(i)< 128) | | (Q(i)> = 256)&g(Q(i)<512)||(Q(i)>= 

1024)&(Q(1)« = 2048) 
code(i,4) =1; 外 在 二 四 六 八 段 内 ,段位 码 第 三 位 为 "1" 

end 
end 
% 段 内 码 判断 程序 
N = zeros(length(S)); 
for i=1:length(S) 
N(i) = bin2dec(num2str(code(i,2:4))) +1; 名 找到 code fii T BILE 
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end 
a=[0,16,32,64,128,256,512,1024]; 名 量化 间隔 
b=[1,1,2,4,8,16, 32,64]; % ER LA 16, 得 到 每 段 的 最 小 量化 间 隅 
for i=1:length(S) 

q7ceil((Q(i)-a(N(i)))/b(N(i))); 名 求 出 在 段 内 的 位 置 

1E q--I 

code(i,(5:8)) = [0,0,0,0]; RUE PEE ETE MEN 

else k = num2str(dec2bin(q- 1,4)); % 编码 段 内 码 为 二 进 制 

code(i,5) = str2num(k(1)); 

code(i,6) = str2num(k(2)); 

code(i,7) = str2num(k(3)); 

code(i,8) = str2num(k(4)); 

end 

if z(i)>0 


code(i,1) =1; 
elseif z(i)«O0 
code(i,1) = 0; 
end 外 符号 位 的 判断 
end 
You can test it use a data k= 1270 or 635, And then k is as the input data of this pcm 
function in the command window. 
Test this process 
>> k= [2048 1270 635] 
a= pem(k) 
Then try to get the value of a. 
Step 4: Use the simulink to simulate sampling process 


Create a new model file and then find the following modules as shown in Figure A. 27. 


副 samplingprocess 
| File Edit View Simulation Format Tools Help 


DS S| eB est] «foo na ë -EBBSE|R 


Figure A.27 The simulink modules 


From View-library browser to find the sine wave and other modules, and the 


parameter settings are shown in Figure A. 28. 
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Use the sample-based sine type if numerical problems due 
to running for large times (e.g. overflow in absolute 
time) occur. 


Parameters 


Sine type: | Time based 


Time (t): |Use simulation time + 
Amplitude: 
: 


Bias: 

Frequency írad/sec): 
2X*pi 

Phase (rad): 

0 

Sample time: 


0 


Interpret vector parameters as 1-D 


|"! Block Parameters: Pulse Generator 
Pulse Generator 


Qutput pulses: 


if (1 >= PhaseDelay) Pulse is on 
¥(t) = Amplitude 
else 
¥(t) = 0 
end 
Pulse type determines the computational technique used. 


Time-based iz recommended for use with a variable step solver, while 
Sample-based is recommended for use with a fized step solver or within a 
discrete portion of a model using a variable step solver. 


Parameters 
Pulse type: ime based 
Time (t): [use Simulation time | 


Amplitude: 


Period (secs): 


Jo. 025 


Pulse Width (M of period): 


pase m eret 一 


Phase delay (secs): 
Jo 


m Interpret vector parameters as i-D 


(b) The parameters setting of Pulse generator 


Figure A. 28 The parameters setting in each module 
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7d Block Parameters: Product 
‘Product 
Kultiply or divide inputs. 
one of the following: 
a) * or / for each input port (e g., **/X*) 
b) scalar specifies the number of input ports to be multiplied 


Scalar value of '1' for element-wise product causes all elements of a single 
input vector to be multiplied. 

If / is specified with matriz product, 
input. 


Choose element-wize or matriz product and specify 


compute the inverse of the corresponding 


Humber of inputs: 

E 

Multiplication: | Element-wisel, X) 了 | 
Sample time (-1 for inherited): 

T 


[7 Block Parameters: Product [2 (X 
Product 


Multiplr or divide inputs. 
one of the following: 

a) * or / for each input port (e.g., x*x/x) 

b) scalar specifies the number of input ports to be multiplied 


Scalar value of '1' for element-wise product causes all elements of a single 
input vector to be multiplied. 


Choose element-wise or matriz product and specify 


If f is specified with matriz product, compute the inverse of the corresponding 
input. 


Main | = 


signal data types! | 


m Require all inputz to have zame data trpe 


Qutput data type mode: | Same as first input | 
Round integer calculations toward: | Floor "| 


[V Saturate on integer overflow 


m mE 


(d) The parameters setting of Product-Signal data types 


i=) Block Parameters: Sum 
Sum 
Add or subtract inputs.  Specifr one of the following: 
a) string containing + or - for each input port, | for spacer between ports 
(e.g. **|-]**) 
b) scalar >= 1. A value > 1 sums all inputs: 1 sums elements of a single input 
vector 


| Signal data types | 


List of signs: 


i 


Sample time (-1 for inherited]: 


(e) The parameters setting of Sum-Main 


Figure A. 28 Ccontinued) 


附录 A MATLAB 仿 真实 验 || 159 


\=' Block Parameters: Sum 


Sum 


Add or subtract inputs. Specify one of the following: 
a) string containing * or - for each input port, | for spacer between ports 
(e.g. ++|- |++) 


b) scalar >= 1. A value > 1 sums all inputs: 1 sums elements of a single input 
vactor 


LI 


Main | Signal data types: | 


TT i 


[ Require all inputs to have same data type 
Output data trpe mode: | Inherit via internal rule ”| 


Round integer calculations toward: | Floor d 


Iw Saturate om integer overflow 


(f) The parameters setting of Sum- Signal data types 


iz] Block Parameters: Constanti 
-Constant 


Output the constant specified br the “Constant value’ parameter. 
"Constant value’ is a vector and "Interpret vector parameters as 
1-D’ is on, treat the constant value as a 1-D array. Otherwise, 
output a matriz with the same dimensions as the constant values. 


If 


| olgnal data types | 
Constant value: 
[E 0 -3.3] 
[V Interpret vector parameters as 1-D 
sample time: 


inf 


i=" Block Parameters: Constantl 


Constant 


Output the constant specified by the ‘Constant value’ parameter. If 


"Constant value is a vector and Interpret wector parameters as 
1-D’ is on, treat the constant value as a 1-D array. Otherwi se, 


output a matriz with the same dimensions as the constant value. 
Main 


Output data type mode: | Inherit from "Constant value 


(h) The parameters setting of Constant- Signal data types 


Figure A. 28 (continued) 
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| = Solver i PUE [IN ere ho —— 
oD UR TRESPEERDOER Start time: |U. 0 Stop time: |1 
"Optimization - l 
=-Diagnostics Solver options 
| pO ay Type: |Fixed-step | Solver: [discrete (no continuous states) 
| Type Conversion UE S NN LU ECC aA [L0 — 
| Connectivity Fixed-step size (fundamental sample time): 0. 0005 
: -Compatibility 
: Model Referencing ie ; 
| Lsaving Tasking and sample time options 
p Hardware Implementation Periodic sample time constraint: Unconstrained 
Model Referencing i 
由 Simulation Target Tasking mode for periodic sample times: Auto 
| Symbols 
| il.Custom Code [^ Automatically handle rate transition for data transfer 
gucci ginl [ Higher priority value indicates higher task priority 
| Comment: | 
~ Symbols 
rCustom Code 
r Debug 


E. Tet orf arna 


a 
(1) the block and configuration parameters setting 


Figure A. 28 (continued) 


The simulation result is shown in the following Figure A. 29. 


Figure A. 29 The simulink result of sampling process 


3. Discussion the results 


Experiment 3 Digital passband transmission( Corresponding 
to Chapter 7) 


1. Introduction 

The generation and detection of ASK/FSK/PSK will be studied in this part. At the 
end of this experiment, you should have learned: 

* the principle of generation and detection of digital passband transmission. 

* the simulation of AMI& HDB; encoder. 


* how to carry out simulations using MATLAB software. 
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2. Passband digital modulation and demodulation 


Functional model of passband data transmission system is shown in Figure A. 30. 


Carrier wave 


| Estimate 
Signal | m 
transmission 


encoder 


Signal 
Detector transmission 
decoder 


Communication 
channel 


Message 
source 


Transmitter Receiver 


Figure A. 30 Model of passband digital transmission system 


1) Principle of ASK (amplitude-shift keying) 
The block diagrams of the generation and coherent detection of ASK are shown in 
Figure A. 31 and Figure A. 32. 


Binary NRZ signal €3Ask(f) 
| Multiplier 
s(t) 


COS Í 


Figure A. 31 The generation of ASK 


u Qutput 
Crask(t) | "m Sampling E 
Multiplier & decision 
COSO LÍ | ane 
pulse 


Figure A.32 The coherent detection of ASK 


The MATLAB simulations code of the generation and detection of ASK are in the 
following. Suppose the carrier wave is sine wave. Use the main. m function to realize the 


whole process. 


clear all 
close all 
1710; 
] = 5000; 
t= linspace(0,5, 3); € HZ 0,0. 001,0.002, - d£ 5001 个 点 
fc= 10; 
fm= i/5; 
Hez*fr. 
EEEEEEEEEEEEEEEEEE ES PEM: X. ZIEL 
a = round(rand(1, i)); % 随机 序列 
figure(2) 
plot(rand(1,1i)) 
st =t; 
for n=1:10 
if a(n)<1; 
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form-j/i*(n-1)-*1:j/i*n % 一 个 信号 取 500 个 点 
st(m) =0; 
end 
else 
for m= 3/i* (n-—1)+1:j/i*n 
st(m) =1; 
end 
end 
end 
figure(1); 
subplot(421); 
plot(t, st); 
axis([0,5, — 1,21); 
title( ' 基 市 信和 号 '); 
EEEEEREEREEEEEEEEEEEEEESS 载波 
si-cos(2*pi*fc*t); 
subplot(422); 
plot(s1); 
title( Afi); 
ILILILIELIIIIIIIIIIITIIEEEERCE 
e 2ask-7 st. * s1; 
subplot(423); 
plot(t,e 2ask); 
title(' ifi); 
noise = rand(1,]j3); 
e 2ask =e 2ask + noise; 多加 入 噪声 
subplot(424) ; 
plot(t,e 2ask); 
title( ' 加 入 噪声 的 信和 号") ， 
ESESEEEEEESEEESEESEESES 相干 解 调 
at=e 2ask. * cos(2 * pi * fc * t); 
at- at- mean(at); 
subplot(425); 
plot(t,at); 
title( fH3E/n fri '); 
[f,af] = T2F(t,at); % iw [OB UE 0X ae 
[t,at] = lpf(f,af,2 * fm); 
subplot(426); 
plot(t,at); 
title( ' 解 调 后 波形 ') ， 
ESESEEEEEESESEEEEEESEEEEEEEES 抽样 判决 
form=0:1—1; 
if at(1,m* 500+ 250) +0.5<0.5; 
for j2m* 500+1:(m+1) * 500; 
at(1,3) =0; 
end 
else 


for j=m*500+1:(m+i1)* 500; 
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at(1,j) =1; 

end 
end 
end 
subplot( 427) ; 
plot(t, at) ; 
axis([0,5, —1,2]1); 
title( ' 抽 样 判 决 后 波形 ') 


The sub-function T2F is as following (create a new. m function) 


function [f, sf] = T2F(t, st) 
dt=t(2)-t(1}); 

T= t(end); 

df =1/T; 

N= length(st); 

f= —N/2 * df :df :N/2 * df - df; 
sf = fft(st); 

sf = T/N * fftshift(sf); 


The low-pass filter function is as following: 


function [t st] = lpf(f,sf,B) 

% This function filter an input data using a lowpass filter 
% Inputs: f: frequency samples 

% sf: input data spectrum samples 

% B: lowpass's bandwidth with a rectangle lowpass 

% Outputs: t: time samples 


% st: output data's time samples 
df = £(2)-f(1); 
T = 1/df; 


hf = zeros(1,length(f)); 

bf = [- floor( B/df ): floor( B/df )] + floor( length(f)/2 ); 
hf (bf) = 1; 

yf = hf. * sf; 

[t,st] = F2T(f, yf); 

st = real(st); 


You can get the simulations of the ASK process. Copy the results in the following blank 
(see Figure A. 33). 

2) Principle of FSK (frequency-shift keying) 

The symbols 1 and 0 of 2FSK are transmitted respectively with two different carrier 
frequencies. 2FSK is equivalence of two 2ASK’s superposition (J0). The generation and 
detection are shown in Figure A. 34. 

The MATLAB simulations code of the generation and detection of FSK are in the 
following. Use the. m function to realize the whole process, 


clear all 


close all 
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Message signal Carrier wave 
2 ] l 
LL I 1| ^ QUNM A 
k; 2 4 "o 200 400 
Modulated signal The signal with addictive noise 


m 2 4 6 0 2 4 


Signal passing through multiplier Demodulated waveform 
2 
li 
—2 
0 2 4 6 


Output waveform 


Figure A. 33 The simulation of ASK process 


m(t) 


Pit) =/2/T, cos(2m fif) 


. x Binary 
Binary On-off 十 | 
data level — FSK 
sequence encoder + signal 
s(t) 


mt) 
Inverter 


(tf) = 2/T, cos(2n fot) 


(a) 2FSK transmitter 


X | Decision Choose 1 if y » 0 


device Choose 0 if y « 0 


Threshold=0 


p(t) 


(b) Coherent 2FSK receiver 


Figure A. 34 The generation and coherent detection of 2FSK 


i=10; % X [i47 

j= 5000; 

a= round(rand(1,i)); 名 产生 随机 序列 

t= linspace(0,5,j); 

f1=10; € RIK 1 频率 

f2=5; t £k 2 频率 

fm= i/5; 基带 信号 频率 

Bl = 2xf1; 名 载波 1 带宽 

B2 = 2 x £2; % SUE 2H» 
EEEEEEEEEEEEEEGEEES POE LTH IRS 


stl = t; 
for n=1:10 
if a(n)<1; 
for m=j/i* (n-1)+1:j/i*n 
stl(m) =0; 
end 
else 


form-j/i*(n-1)-*1:j/i*n 
stl(m) =1; 
end 
end 
end 
st2 = t; 
DIIIPITITITITITIITIIIEP TX ICE E r1 
for n=1:7; 
if stl(n)>=1; 


st2(n) =0; 
else 
st2(n) 21; 
end 
end; 
figure(1); 
subplot(411); 


plot(t,stl); 

title( ' 基 市 信号 '); 

exis (0,55: 1, 21» 

subplot(412) ; 

plot(t, st2); 

title( ' 基 带 信 号 反 码 ')， 

axis([0,5, — 1,21); 
EEEEEEEEEEEEEEEEL EE ELE BY E RE 
sl =cos(2* pix f1*t) 

s2 = cos(2 * pi * £2 * t) 
subplot(413),plot(s1); 

title( ' 载 波 信号 1); 
subplot(414),plot(s2); 

title( ' 载 波 信号 2); 
ELEEESESEEEEEEEEEESEEES ES 调制 
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Fl = stl. x sl; 名 加 入 载波 1 

F2 = st2. * s2; 名 加 入 载波 2 
figure(2) ; 

subplot(411); 

plot(t, F1); 

title('sl * st1'); 
subplot(412); 

plot(t, F2); 

title( '52 * st2"); 

e fsk=F1+F2; 

subplot(413); 

plot(t,e fsk); 

title( 2FSK fii 5 ') 
noise = rand(1, j); 

fsk- e fsk + noise; 
subplot(414); 

plot(t,fsk); 

title( 加 噪声 信号 ") 
ESESEEEEEESEEESEEEEEESESS 相干 解 调 
stl = fsk. * s1; * FAQ 1 FA 
[f, sf1] = T2F(t,st1); 通过 低 通 滤波 器 
[t,stl] = lpf(f, sfl,2 * fm); 
figure(3); 

subplot(311); 

plot(t,st1); 

title( 与 载波 1 相 乘 后 波形 ') ; 
st2 = fsk. * s2; & Egi 2 +Æ 


[f, sf2] = T2F(t,st2); 通过 低 通 滤波 器 
[t,st2] = lpf(f,sf2,2 * £m); 
subplot(312); 


plot(t,st2); 

title( ' 与 载波 2 相 乘 后 波形 ') ; 

for m=0:1-1; 
ESEESEEEEEEEESEESEESESSEESSE% 抽样 判决 
if sti(i,m* 500 + 250)« 0. 25; 

for j2^m* 500 t 1:(m * 1) * 500; 


at(1,j) 70; 

end 

else 

for j=m* 500 t 1:(m-* 1) * 500; 
at(1,j)= 1; 

end 

end 

end; 

subplot(313); 

plot(t,at); 


axist TO, 5, — 1,21); 
title( ' 抽 样 判决 后 波形 ') 
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You can get the simulations of the FSK process, Copy the results in the following blank 
(see Figure A. 35. A. 36,A. 37). 
Message signal 
2 
] 
0 | | 
| 


0 l 2 3 4 5 


Inverse code of message signal 


hot n nh m 
ui n nni 
| 
| | || | | || | || | 
| | I FLA HAT TL] | | 
EE HUI HAUTEUR] 
VV VEU UEM EUER UELLE EET OUT A 
| | | | 
| | UU V d d LUI LI | | | | Y Wal miei TA | yy yy 


m 
0 1000 2000 3000 4000 5000 
Carrier wave 2 


0 1000 2000 3000 4000 


Figure A. 35 Baseband signal and two carrier waves 


sl*stl] 


一 | 
0 0.5 l 1.5 2 2.5 3 3.5 4 4.5 5 
s2*st2 


TET ee 


0. 3.5 4 4.5 5 
2FSK signal 


Figure A.36 Baseband signal and two carrier waves 


3) Principle of QPSK 
The QPSK Modulator uses a bit-splitter, two multipliers with local oscillator, a 2-bit 
serial to parallel converter, and a summer circuit. Following Figure A. 38 is the block 


diagram. 
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Wavetorm multiplied with carrier wave | 


0 0.5 | is 2 95 à 8 5 4 45 


Waveform multiplied with carrier wave 2 


0 0.5 ] ES 2 2.5 3 3.5 | 4.5 5 


Waveform after sampling and decision 


0 0.5 ] 1:3 2 Zo 3 2.3 4 4.5 5 


Figure A. 37 Baseband signal and two carrier waves 


PSK, 
^ QPSK 


Carrier 十 Output 
Phase 


2-bit shifter 
Serial-to-parallel 


converter 
x PSK,; 


Figure A. 38 QPSK modulator 


Digital 
data 


- 
Em 
E 
[= 
al 
= 
-M 


The QPSK Demodulator uses two product demodulator circuits with local oscillator, 
two band pass filters, two integrator circuits, and a 2-bit parallel to serial converter. 
Following Figure A. 39 is the diagram. 

(1) Create a new. model file as the main function 


ss 初始 化 参数 
SER SEEBEESESESSESEESEEESES 


ne i; % 基 珊 信号 宽度 ,也 就 是 频率 
fc = 10/T; % 载波 频率 

ml = 2; % 调制 信号 类 型 的 一 个 标志 位 
nb = 100; * 传输 的 比特 数 

delta T = T/200; % KF B] ER 

fs = 1/delta T; % 采样 频率 

SNR = 0; % du Eb 
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QPSK Odd | Even | | Pata 
Input bits | bits 

— 2.bit 
Parallel-to-serial 
converter 


Local 
Carrier 


PSK, 


Figure A, 39 The demodulator of QPSK 


t= 0:delta T:nb* T- delta T; % 限定 t 的 取 值 范围 
N= length(t); % 采样 数 
EEEEEEEEEEEEEEEEEEEEES 

多 调制 部 分 


FESSES% 
% 基带 信号 的 产生 


data = randn(1,nb)>0.5; % 调用 一 个 随机 函数 (0 or 1), HHH BI— 1 * 100 的 矩阵 
datanrz = data. * 2-1; % 变 成 极 性 码 
datal = zeros(1, nb/delta T); x 创建 一 个 1 x nb/delta T H Z 4B P 
for q=1:nb 

datal((q-1)/delta_T+1:q/delta_T) =datanrz(q); + 将 极 性 码 变 成 对 应 的 波形 信号 
end 
% 将 基 市 信号 变换 成 对 应 波形 信号 
data0 = zeros(1,nb/delta T); % 创建 一 个 1 * nb/delta TH SHE 
for q=1:nb 

data0((q- 1)/delta T-* 1:g/delta T) = data(q); 将 极 性 码 变 成 对 应 的 波形 信号 
end 


$ 发 射 的 信和 号 
data2 = abs(fft(datal)); 
% BRIERE ER, FF A 1 Be tT 
idata = datanrz(1:ml:(nb-1)); s 将 奇偶 位 分 开 , 因 此 间隔 ml 为 2 
qdata = datanrz(2:ml:nb); 
% OPSK 信号 的 调制 
ich = zeros(1,nb/delta T/2); % 创建 一 个 1 * nb/delta T/2 BB [Pe , LE fes TELE CI 188 12 2C 
for i-1:nb/2 
ich((i- 1)/delta T+1:i/delta T) = idata(i); 
end 
for ii=1:N/2 
a(ii) = sqrt(2/T) * cos(2 * pi * fc * t(ii)); 
end 
idatal = ich. * a; % 奇数 位 数据 与 余弦 函数 相 乘 ,得 到 一 路 的 调制 信和 号 
qch = zeros(1,nb/2/delta T); 
for j1 =1:nb/2 
qch( (jl —1)/delta_T+ 1:j1/delta T) = qdata(j1); 
end 
for jj =1:N/2 
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b(3jj) = sqrt(2/T) * sin(2 * pi* fc * t(33)); 


end 
qdatal = qch. * b; % 偶数 位 数据 与 余弦 函数 相 乘 ,得 到 另 一 路 的 调制 信和 号 
s= idatal + qdatal; s 将 奇偶 位 数据 合并 ,s 即 为 QPSK 调制 信号 
ss = abs(fft(s)); % ‘PRR (BE np E 45 Sp 
EXLEEESEEEELELELESE 

%% Tia | SEY A E A ae 
IITIITITIPITIITITIT. 


% 瑞 利 衰落 信道 

ray ich = raylrnd(0.8,1,nb/2/delta T); 
ray_qch = raylrnd(0.8,1,nb/2/delta T); 
Ray idata- idatal. * ray ich; 

Ray qdata = qdatal. * ray qch; 

Ray s- Ray idata t Ray qdata; 


*5 55 55 5 06 06 05 05 05 55 5 5 5 5 65 6555 

% 高 斯 信道 

s] = awgn(s, SNR); 6 通过 高 斯 信道 之 后 的 信和 号 

s11 = abs(fft(s1)); % 快速 傅 里 叶 变 换 得 到 频谱 
slll=sl-s; % 高 斯 噪声 曲线 
CSESEECECECESEEECEEES 

Awgn_s = awgn(Ray_s, SNR); * 通过 高 斯 信道 再 通过 瑞 利 训 落 信道 


洛 当 和 当当 当当 省 省 当 当当 当当 考 当当 和 当当 和 
%% OPSK 解 调 部 分 
CECEESEECEEESEESESESEES 
* 解 调 部 分 (高 斯 信道 ) 
idata2 = sl. *a; 
qdata2 = sl. * b; 
idata3 = zeros(1,nb/2); 
qdata3 = zeros(1,nb/2); 
% 抽样 判决 的 过 程 ,与 0 作 比 较 ,data>=0, 则 和 置 1, 否 则 置 0 
for n=1:nb/2 
Al(n) = sum(idata2((n- 1)/delta T+1:n/delta T)); 
if sum(idata2((n- 1)/delta T+1:n/delta T))>=0 
idata3(n) = 1; 
else idata3(n) =0; 
end 
A2(n) = sun(qdata2((n- 1)/delta T+ 1:n/delta T)); 
if sum(qdata2((n- 1)/delta T+ 1:n/delta T))>=0 
qdata3(n) = 1; 
else qdata3(n) = 0; 


end 


这 里 面 其 实 隐藏 了 一 个 串 并 转换 的 过 程 
对 应 的 信号 与 正 余 弦 信 号 相 乘 
建立 1* nb 数组 ,以 存放 解 调 之 后 的 信和 号 


oe de ge 


end 
s 为 了 显示 星座 图 ,将 信号 进行 处 理 
idata4 = zeros(1,nb/2); 
qdata4 = zeros(1,nb/2); 
for n=1:nb/2 
Awgn ichsum(n) = sum(idata2((n- 1)/delta T + 1:n/delta T)) * delta T; 
if Awgn ichsum(n)» = 0 
idata4(n) = 1; 
else idata4(n) = 0; 
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end 

Awgn qchsum(n) = sum(qdata2((n-1)/delta_T+1:n/delta_T)) * delta T; 

if Awgn qchsum(n)» = 0 

qdata4(n) = 1; 

else qdata4(n) = 0; 

end 
end 
& 将 判决 之 后 的 数据 存放 进 数 组 
demodata = zeros(1,nb); 
demodata(1:ml:(nb-1))=idata3; % 存放 奇数 位 
demodata(2:ml:nb) = qdata3; * 存放 偶数 位 
$$ 为 了 显示 ,将 它 变 成 波形 信号 ( 即 传输 一 个 1 代表 单位 宽度 的 高 电 平 ) 
demodatal = zeros(1,nb/delta T); % 创建 一 个 1 x* nb/delta THI ASHE 
for q=1:nb 

demodatal((q- 1)/delta T+ 1:g/delta T) =demodata(q); % 将 极 性 码 变 成 对 应 的 波形 信号 

end 
$ 累计 误 码 数 
% abs(demodata 一 data) SK $% Wr ig A Ae 55] gg 
% 数据 差 的 绝对 值 , 累计 之 后 就 是 误 码 个 数 
Awgn num BER = sum(abs(demodata 一 data) ) 
CECEESEEECEEESEESESC ESS 
% 解 调 部 分 ( 瑞 利 + 高 斯 ) 
Ray idata2 = Ray s. *a; & 这 里 面 其 实 隐藏 了 一 个 串 并 转换 的 过 程 
Ray qdata2 -Ray s. * b; % 对 应 的 信号 与 正 余 弦 信 号 相 乘 
% Ray_idata3 = zeros(1,nb/2); % 建立 1*nb 数 组 ,以 存放 解 调 之 后 的 信和 号 
% Ray qdata3 = zeros(1,nb/2); 
s 抽样 判决 的 过 程 ,与 0 作 比 较 ,data>=0, 则 置 1, 否则 置 0 
% for n=1:nb/2 
% if Ray_sum(Ray_idata2((n-1)/delta_T+1:n/delta_T))>=0 


% Ray_idata3(n) =1; 

E: else Ray idata3(n) =0; 

% end 

s if Ray sum(Ray qdata2((n- 1)/delta T + 1:n/delta T))>= 0 
% Ray qdata3(n) =1; 

85 else Ray qdata3(n) = 0; 

% end 

% end 


% 为 了 显示 星座 图 ,将 信号 进行 处 理 
Ray idata4 = zeros(1,nb/2); 
Ray_qdata4 = zeros(1,nb/2); 
for n=1:nb/2 
Ray ichsum(n) = sum(idata2((n- 1)/delta T+ 1:n/delta T)) * delta T; 
if Ray_ichsum(n)>= 0 
Ray idata4(n) =1; 
else Ray idata4(n) = 0; 
end 
Ray qchsum(n) = sum(qdata2((n- 1)/delta T + 1:n/delta T)) * delta T; 
if Ray_qchsum(n)>= 0 
Ray qdata4(n) = 1; 
else Ray qdata4(n) = 0; 


end 
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end 


% 将 判决 之 后 的 数据 存放 进 数 组 
Ray demodata = zeros(1,nb) ; 
Ray_demodata(1:ml:(nb-1))=Ray_idata4; % 存放 奇数 位 


Ray demodata(2:ml:nb) = Ray qdata4 ; & 存放 偶数 位 
名 为 了 显示 ,将 它 变 成 波形 信号 ( 即 传输 一 个 1 代表 单位 宽度 的 高 电 平 ) 
Ray_demodatal = zeros(1,nb/delta T); 名 创建 一 个 1 * nb/delta TH 5E AB [e 
for q=1:nb 
Ray demodatal((q- 1)/delta T- 1:g/delta T) = Ray demodata(q); 将 极 性 码 变 成 对 应 的 波形 信号 
end & i VR 


% abs(demodata 一 data) > $% fir v A Fe A gg 
s 数据 差 的 绝对 值 ,累计 之 后 就 是 误 码 个 数 
Ray num BER = sum(abs(Ray demodata — data) ) 


告 当 当当 当当 省 省 省 当当 当当 省 千 告 省 
% % 误 码 率 计算 
% S 调用 了 cm_sm32() 和 cm_sm33( ) 图 数 


%% FAB: 函数 声明 在 另外 两 个 MX 文件 中 
%% VERA: cm_sm32() 用 于 瑞 利 信道 误 码 率 的 计算 
% % cm_sm33() 用 于 高 斯 信道 误 码 率 的 计算 
%% ecoh on/off 作用 在 于 决定 是 否 显示 指令 内 容 
SECEESEEECSESESEESEES 
SNRindBl = 0:1:6; 
SNRindB2 = 0:0.1:6; 
* 瑞 利 衰落 信道 
for i=1:length(SNRindB1), 
[ pb, ps] = cm_sm32(SNRindB1(i) ); % 比特 误 码 率 
smld bit ray err prb(i) = pb; 
smld symbol ray err prb(i) = ps; 
disp([ps, pb]); 
echo off; 
end; 
% 高 斯 信道 
echo on; 
for i= 1:length(SNRindB1), 
[pb1, ps1] = cm sm33(SNRindBl(i)); 
smld bit awgn err prb(i) = pbl; 
smld symbol awgn err prb(i) = psl; 
disp([ps1,pb1]); 
echo off; 
end; 
% 理论 曲线 
echo on; 
for i=1:length(SNRindB2), 
SNR = exp( SNRindB2(i) * log(10)/10); % uu 
theo err awgn prb(i) = 0.5 * erfc(sqrt(SNR)); % 高 斯 曝 声 理论 误 码 率 
theo_err_ray_prb(i) =0.5* (1-1/sqrt(1+1/SNR));% 瑞 利 衰落 信道 理论 误 码 率 
echo off; 
end; 
5b 5b 0b 0b S5 5 5b bb SS S b e 
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h = spectrum. welch; s 类 似 于 C 语言 


5b 5b 0b 0b b bb cb bb s 5 5 b b 5t 

省 省 省 省 省 省 省 省 省 省 省 省 省 省 省 

% 第 一 部 分 (理想 ) 

figure(1) 

subplot(3,2,1); 
plot(data0),title( ' 基 带 信号 '); 
axis([0 20000 -2 2]); 
subplot(3,2,2); 

psd(h, datal, 'fs', fs), title( ‘Sear [ni Dy AE EE BE '); 
subplot(3,2,3); 
plot(s),title( ' 调 制 信号 ') ; 
axis([200 800 -3 3]); 


subplot(3,2,4); 
psd(h, s, '£s', £s), title( ' 调 制 信号 功率 谱 密 度 '); 
subplot(3,2,5); 


plot(demodatal),title( ' 解 调 输出 '); 

axis([0 20000 -22]); 

subplot(3,2,6); 

psd(h, demodatal, 'fs', fs), title( ' 解 调 输 出 功率 谱 密 度 ')， 
宪 宕 宕 宪 宪 宪 宪 宪 宪 宪 宪 宪 宪 宪 宪 宪 

& 通过 高 斯 信道 

figure(2) 

subplot(2,2,1); 

plot(s1),title( 'J4 #] 44-5 (Awgn)'); 

axis([0 500 -—55]); 

subplot(2,2,2); 

psd(h, s1, '£s', £s), title( ' 调 制 信号 功率 谱 密 度 (Rawgn) ') ; 
subplot(2,2,3); 

plot(sl11),title( Jr Me Fs Hh ZK ') ; 

axis([0 2000 -55]); 

subplot(2,2,4); 

for i=1:nb/2 


plot(idata(i),qdata(i),'r+'),title( 'QPSK 信号 星座 图 (Awgn) ') ; hold on; 


axaa([:—22 —221); 

plot(Awgn ichsum(i),Awgn qchsum(i),'* ');hold on; 
legend ( SiC [B (Ac SN 9m) ', “SE Pav {el (422 BC sig) ') ; 

end 

当当 省 省 省 省 省 省 省 省 省 省 省 当当 省 省 省 省 省 

% 通过 高 斯 信道 再 通过 瑞 利 衰落 信道 

figure(3) 

subplot(2,2,1) 
plot(Ray_s),title( ' 调 制 信 号 (Ravy + Awgn) '); 
axis([0 500 —5 5]); 


subplot(2,2,2); 
psd(h, Ray s, '£s', fs), title( ' 调 制 信号 功率 谱 密 度 (Ray) ') ; 
subplot(2,2,3); 


for 1=1:nb/2 


宏 定 义 , 方 便 以 下 的 调用 


plot(idata(i),qdata(i),'r+'),title( 'QPSK 信号 星座 图 (Awgn + Ray) ') ; hold on; 


axis(] -2 2 —221H 
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plot(Ray ichsum(i),Ray qchsum(i), '* ');hold on; 

legend( '3 i8 [E (X B Mig) ', Scb (B (Frin ) ); 

end 

subplot(2,2,4) 

semilogy(SNRindB2,theo err awgn prb, 'r'),title( ' 误 人 码 率 曲线 ') ; hold on; 
semilogy(SNRindB1,smld bit awgn err prb, 'r * ');hold on; 
semilogy(SNRindB2,theo err ray prb);hold on; 


semilogy(SNRindBl,smld bit ray err prb,'* '); 
xlabel( 'Eb/No'); ylabel( 'BER'); 
legend( ' 理 论 AWGN', [jj HE AWGN', ' 理 论 Rayleigh', ' 仿 真 Rayleigh"); 


(2) Create a new . model file as the sub function cm sm32. m 


省 省 省 省 省 省 省 省 省 省 省 省 省 省 省 

the sub function cm_sm32.m 

省 当当 当当 当当 省 当当 省 省 当当 党 

% 文件 2 

function [ pb, ps] = cm sm32(snr in dB) 
% [pb,ps] = cm_sm32(snr_in dB) 


55 CM SM3 finds the probability of bit error and symbol error for 
% the given value of snr_in_dB, signal to noise ratio in dB. 

N= 100; 

E=1; * energy per symbol 


numofsymbolerror = 0; 

numofbiterror = 0; 

counter = 0; 

snr = 10^(snr in dB/10); * signal to noise ratio 

sgma = sqrt(E/snr)/2; % noise variance 

s00=[10]; s012 [01]; s112[-1 0]; s10=[0 - 1]; % signal mapping 
% generation of the data source 

while(numofbiterror < 100) 


for i=1:N, 
temp = rand; % a uniform random variable between 0 and 1 
if (temp<0.25), % with probability 1/4, source output is "00" 
dsourcel(i) =0; dsource2(1i) = 0; 
elseif (temp<0.5), % with probability 1/4, source output is "01" 
dsourcel(i) =0; dsource2(i) =1; 
elseif (temp<0.75), % with probability 1/4, source output is "10" 
dsourcel(i) =1; dsource2(i) = 0; 
else % with probability 1/4, source output is "11" 
dsourcel(i) =1; dsource2(i) =1; 
end; 
end; 


% detection and the probability of error calculation 
for i=1:N, 
ray = raylrnd(0.8); 
n= sgma * randn(1,2); % 2 normal distributed r.v with 0, variance sgma 
if ((dsourcel(i) ==0) & (dsource2(i) ==0)), 
r= ray * s00 +t n; 
elseif ((dsourcel(i) ==0) & (dsource2(i) ==1)), 


r=ray* sQlt+n; 
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elseif ((dsourcel(i) ==1) & (dsource2(i) ==0)), 
r-slÜ*ray-tn; 
else 
re*sii*raytn; 
end; 
% The correlation metrics are computed below 
c00 = dot(r,s00); c01 = dot(r, s01); c10 = dotí(r,s10); cll =dot(r,s11); 
* The decision on the ith symbol is made next 
c max = max([c00,c01,c10,c11]); 
if (c00 ==c max), decisl =0; decis2 = 0; 
elseif (c01 ==C max), decis1 = 0; decis2=1; 
elseif (cl0==c max), decis1 = 1; decis2 - 0; 
else decisl =1; decis2 = 1; 
end; 
% Increment the error counter, if the decision is not correct 
symbolerror = 0; 
if (decisl-- = dsourcel(1i)), 
numofbiterror = numofbiterror +1; symbolerror- 1; 
end; 
if (decis2-- = dsource2(1)), 
numofbiterror = numofbiterror + 1; symbolerror- 1; 
end; 
if (symbolerror -- 1), 
numofsymbolerror = numofsymbolerror + 1; 
end; 
end 


counter = counter t 1; 


end 
ps = numofsynbolerror/(N * counter); % since there are totally N symbols 
pb = numofbiterror/(2 * N * counter); % since 2N bits are transmitted 


(3) Create a new . model file as the sub function cm sm33. m 


function [pb1, ps1] = cm sm33(snr in dB) 
% [pb,ps] = cm sm32(snr in dB) 


% CM SM3 finds the probability of bit error and symbol error for 

% the given value of snr_in dB, signal to noise ratio in GB. 

N= 100; 

E=1; % energy per symbol 

snr = 10^(snr in dB/10); % signal to noise ratio 
sgma = sqrt(E/snr) /2; % noise variance 
s00-[10]; s012-[0 1]; s112[-10]; s10- [0 -1]; % signal mapping 


% generation of the data source 
numofsymbolerror - 0; 
numofbiterror = 0; 

counter - 0; 

while(numofbiterror < 100) 


for i=1:N, 
temp = rand; % a uniform random variable between 0 and 1 
if (temp =< 0.25), % with probability 1/4, source output is "00" 


dsourcel(i) =0; dsource2(i) =0; 
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elseif (temp < 0.5), % with probability 1/4, source output is "01" 
dsourcel(i) = 0; dsource2(i) = 1; 

elseif (temp < 0.75), % with probability 1/4, source output is "10" 
dsourcel(i) » 1; dsource2(i)=0; 

else % with probability 1/4, source output is "11" 
dsourcel(i) - 1; dsource2(i) =1; 

end; 

end; % detection and the probability of error calculation 
for 1=1:N, 

* the received signal at the detection, for the ith symbol, is: 

n= sgma * randn(1,2); % 2 normal distributed r.v with 0, variance sgma 

if ((dsourcel(i) ==0) & (dsource2(i) ==0)), 
r=s00 +n; 

elseif ((dsourcel(i) ==0) & (dsource2(1) ==1)), 
r=s0il tn; 

elseif ((dsourcel(i) ==1) & (dsource2(i) ==0)), 
r= sl0+n; 

else 
r-sll-tnmn; 

end; 


% The correlation metrics are computed below 
c00 = dot(r,s00); c01 = dot(r,s01); c10 = dot(r,s10); c11 =dot(r,s11); 
% The decision on the ith symbol is made next 
c max - max([c00,c01,c10,c11]); 
if (c00 ==c max), decisl = 0; decis2 = 0; 
elseif (c01 ==C max), decisl = 0; decis27 1; 
elseif (cl0 ==c max), decisl = 1; decis2 = 0; 
else decisl = 1; decis2= 1; 
end; 
% Increment the error counter, if the decision is not correct 
symbolerror = 0; 
if (decisl~ = dsourcel(i)), numofbiterror = numofbiterror + 1; symbolerror = 1; 
end; 
if (decis2~ = dsource2(i)), numofbiterror = numofbiterror + 1; symbolerror = 1; 
end; 
if (symbolerror == 1), numofsymbolerror = numofsymbolerror + 1; 
end; 
end 


counter = counter +t 1; 


end 
psl = numofsymbolerror/ (N * counter) ; % since there are totally N symbols 
pbl = numofbiterror/(2 * N * counter); % since 2N bits are transmitted 


Copy the results in the following blank (see Figure A. 40.A. 41 and A. 42). 
3. The MATLAB realization of AMI & HDB, 
1) AMI 


signal-[10110000000110000001 0] &code- AMI(s) 
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Message signal PSD of message signal 
2 
0 
一 2 
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x 10° Frequency (Hz) 
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Demodulated signal PSD of demodulated signal 
2 
0 
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0 0.5 | Le 2 | 
Slik Frequency (Hz) 


Figure A. 40 The simulation of QPSK system 


Message signal( Awgn) PSD of message signal( Awgn) 


Power/frequency (dB/Hz) 


Frequency (Hz) 
The Gaussian noise QPSK signal constellation( Awgn) 


+ Theoretical value(transmitter) 
X Practical value(receiver) 


0 500 1000 — 1500 2000 
Figure A. 41 The QPSK with Gaussian noise and its constellation diagram 


status = —- 1; 
len = length(signal); 
code = zeros(1, len); 


178 «|| 通信 原理 ( 双语 ) 简明 教程 


Modulated signal(Ray+Awen) PSD of modulated signal(Ray) 


Power/frequency (dB/Hz) 


Frequency (kHz) 
Bit error rate curve 


+ Theoretical value(transmitter) 
* Practical value(receiver) 


BER 


107 Theoretical AWGN 
Simulation AWGN 
Theoretical Rayleigh 
* Simulation Rayleigh 
0 ] 2 3 4 5 6 
Eb/No 


Figure A. 42 The QPSK with Gaussian + Rayleigh noise 


10^? 


for 1=1:len 
if isequal(signal(i),1) 
code( 1) = status; 
status = 0 - status; 
end 
end 
subplot(2,1,1);stairs([0:length(signal) - 1],signal);axis([O0 length(signal) -2 2]); 
subplot(2,1,2);stairs([0:length(signal)- 1],code);axis([0 length(signal) -22]); 


Copy the HDB; encoder results in the following blanks(see Figure A. 43). 


0 2 4 6 8 10 12 14 16 18 20 


Figure A.43 The message signal and AMI code 


2) HDB,fij 


xn-[101100000001100000010]; 


yn xn; % 输出 yn 初始 化 
num= 0; % 计数 器 初始 化 
for k= 1:length(xn) 
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if xn(k) == 1 
num = num + 1; & "1" TTR as 
if num/2 == fix(num/2) s 奇数 个 1 时 输出 - 1, 进行 极 性 交替 
yn(k) =1; 
else 
yn(k) = -1; 
end 
end 
end 
% HDB3 编码 
num = 0; % iEY EUM 8 15 
yh = yn; % 输出 初始 化 
sign = 0; % 极 性 标志 初始 化 为 0 
V= zeros(1, length( yn) ) ; s V 脉冲 位 置 记 录 变 量 
B= zeros(1, length(yn)); % B 脉冲 位 置 记录 变量 
for k= 1:length( yn) 
if yn(k) ==0 
num = num+1; & 连 "0" 个 数 计数 
if num== 4 % 如 果 4 连 "0" 
num = 0; s Tt XU 


yh(k) = 1* yh(k- 4); 
% ib 0000 的 最 后 一 个 0 改变 为 与 前 一 个 非 零 符号 相同 极 性 的 符号 
V(k) = yh(k); s 了 脉冲 位 置 记 录 
if yh(k) == sign * 如 果 当 前 了 符号 与 前 一 个 了 符号 的 极 性 相同 
yh(k) = -1*yh(k); s 则 让 当前 V 行 号 极 性 反 转 , 以 满足 V 符 号 间 相 互 极 性 反 转 要 求 
yh(k- 3) = yh(k); 多 添加 B 符号 ,与 V 符 号 同 极 性 
B(k - 3) = yh(k); % B 脉冲 位 置 记 录 
V(k) = yh(k); & 了 脉冲 位 置 记录 
yh(k + 1:length(yn)) = - 1 * yh(k+1:length(yn)); 
& 并 让 后 面 的 非 雯 符号 从 了 符号 开始 再 交 蔡 变化 


end 
sign = yh(k); % 记录 前 一 个 了 符号 的 极 性 
end 
else 
num = 0; s “AMA A"1", We" O 1 MA iS 
end 
end % 编码 完成 
re= [xn' yn" yh', ¥',B']; 多 结果 输出 : xn AMI HDB3 V&B 符号 
% HDB3 解码 
input = yh; % HDB3 码 输 人 
decode = input; % 输出 初始 化 


sign=0; S 极 性 标志 初始 化 
for k = 1:length( yh) 
if input(k) ~ = 0 
if sign == yh(k) 
decode(k- 3:k) [000 0]; 
end 
sign- input(k); 


v 如 采 当 前 码 与 前 一 个 非 零 码 的 极 性 相同 
s 则 该 码 判 为 V 码 并 将 x oov FS 


% 极 性 标志 


180 «(|| 通信 原理 ( 双语 ) 简明 教程 


end 
end 
decode = abs(decode) ; 多 整流 
error = sun([xn' - decode']) ; % 解码 的 正确 性 检验 , 作 图 


subplot(3,1,1);stairs([0:length(xn)- 1],xn);axis([0 length(xn) -2 2]); 
subplot(3,1,2);stairs([0:length(xn) - 1], yh);axis([0 length(xn) -2 2]); 
subplot(3,1,3);stairs([0:length(xn) -1],decode);axis([O length(xn) -2 2]); 
xn-[101100000001100000010]; EX 输入 单 极 性 码 


yn = xn; % 输出 yn 初始 化 
num = 0; % 计数 大 初始 化 
for k= 1:length(xn) 
if xn(k) ==1 
num = num + 1; % "i"ipess 
if num/2 -- fix(nun/2) & 奇数 个 1 时 输出 -1, 进 行 极 性 交替 
yn(k) = 1; 
else 
yn(k) = —1; 
end 
end 
end 


Copy the HDB, encoder results in the following blanks(see Figure A. 44). 


—2 
0 2 | 6 8 10 12 14 16 18 20 


Figure A.44 The message signal and HDB; code 


4. Discussion the results 
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验 学 时 要 求 , 只 选取 其 中 的 5 个 实验 进行 学 习 , 可 以 将 其 与 MATLAB 理论 实验 进行 对 比 。 
其 他 实验 可 供 学 生 课 余 选 做 。 各 模块 分 布 如 图 B. 1 所 示 。 
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图 B.1 实验 箱 各 模块 示意 图 


实验 一 ”各 种 模拟 信号 源 实 验 


实验 内 容 


(1) 测试 各 种 模拟 信号 的 波形 。 

(2) 测量 信号 音信 号 的 波形 。 

1. 实验 目的 

(1) 熟悉 各 种 模拟 信号 的 产生 方法 及 其 用 途 。 
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(2) 观察 分 析 各 种 模拟 信号 波形 的 特点 。 

2. 电路 工作 原理 

模拟 信号 源 电路 用 来 产生 实验 所 和 
信号 .话音 信号 .音乐 信号 等 。 

1) EHAA 8 Cla] ZE AE 92 0 ACHE sit) 

(1) 功用 。 同 步 信 号 源 用 来 产生 与 编码 数字 信和 号 同步 的 2k Hz 正弦 波 信 号 ,作为 增 量 
调制 编码 .PCM 编码 实验 的 输入 音频 信号 。 在 没有 数字 存储 示 波 兹 的 条 件 下 ,用 它 作 为 编 
码 实验 的 输入 信号 ,可 在 普通 示 波 带 上 观察 到 稳定 的 编码 数字 信号 波形 。 

(2) 电路 原理 。 图 B. 2 为 同步 正弦 信号 发 生 颖 的 电路 图 。 它 由 2kHz rik fri ^ ^E 88 
(图 中 省 略 了 ) 高 通 滤波 肯 、 低 通 滤 波 需 和 输出 电路 四 部 分 组 成 。 

2kHz 方 波 信 号 由 CPLD 可 编程 器 件 内 的 人 逻辑 电路 通过 编程 产生 。TP104 为 其 测量 
Ai, U107C 及 周边 的 阻 容 网 络 组 成 一 个 截止 频率 为 wa 的 二 阶 高 通 滤 波 需 , 用 来 滤 除 各 次 
谐 波 。U107D 及 周边 的 阻 容 网 络 组 成 一 个 截止 频率 为 wi 的 二 阶 低 通 滤波 疾 , 用 来 滤 除 基 波 
以 下 的 漂流。 两 者 组 合成 一 个 2kHz 正 强 波 的 向 通 滤 波 兹 只 输出 一 个 2kHz IESAUE . TP107 
为 其 测量 点 。 输 出 电路 由 BG102 和 周边 阻 容 元 件 组 成 射 极 跟 随 硕 ,起 阻抗 匹配 、 隔 离 与 提 
高 驱动 能 力 的 作用 。 

W104 用 来 改变 高 通 滤波 硕 反 馈 量 的 大 小 ,使 其 工作 在 稳定 的 状态 , W105 用 来 改变 输 
出 正 弱 波 的 幅度 。 
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(1) 功用 。 话 简 电 路 用 来 给 驻 极 体 话 简 提 供 直 流 工 作 电 压 。 

(2) 工作 原理 。 话 人 简 电 路 如 图 B. 3 所 示 ,Vcec 经 分 床 融 回话 简 提 供 约 2. 5V TEREK, 
讲话 时 话 简 与 R101 上 的 电压 发 生变 化 ,其 电压 变化 分 量 即 为 话音 信号 ,经 E101 耦合 输出 ， 
送 往 模拟 信号 输入 选择 电子 开关 。 

3) 音乐 信号 产生 电路 

(D 功用 。 音 乐 信号 产生 电路 用 来 产生 音乐 信号 送 往 音频 终 病 电路 ,以 检查 话 首 信和 过 
的 开通 情况 及 通话 质量 。 

(2) 工作 原理 。 音 乐 信 号 产生 电路 见 图 B.4。 音 乐 信 号 由 U109 音乐 片 厚 膜 集 成 电路 
FE. VA B 1) 7g Ha di vu «2. 脚 为 控制 闯 ,3 脚 为 竹 出 病 ,4 脚 为 公共 地 病 。Vec 经 R117, 


LOuF 送 模拟 信号 输入 


J] 选择 开关 


图 B.3 话筒 电路 图 


D101 向 U109 的 1 脚 提 供 3. 3V 电源 电压, 当 2 脚 通 过 开 105 输入 控制 电压 十 3. 3V 时 , 音 
乐 片 即 有 音乐 信号 从 第 3 脚 输出 ,经 E105 送 往 模拟 信号 输入 选择 电子 开关 。 


U109 


送 模拟 信和 号 
输入 选择 开关 


图 B.4 首 乐 信号 产生 电路 图 


4) 外 加 模拟 信号 输入 电路 

在 一 些 特殊 情况 下 ,简易 正弦 波 信 号 发 生 右 不 能 满足 实验 要 求 , 就 要 用 外 加 信号 源 提供 
所 需 信 号 。 例 如 要 定量 地 测试 通信 话 路 的 频率 特性 时 需要 使 用 频率 与 电 平 .输出 阻抗 都 很 
稳定 的 频率 范围 很 党 的 音频 测试 信号 ,这 就 需要 外 接 音频 信号 产生 间 或 函数 信号 发 生 玫 。 
外 加 模拟 信号 输入 电路 为 它们 提供 了 ERIS HE BE. 

5) 模拟 电话 输入 电路 

图 B. 5 是 用 电 语 集成 电路 组 成 的 电 证 辆 入 电路 ， J103 FEF AA AY 3& ih a Fe 
口 。 讲 话 时 话音 信号 从 TIPX 5 RINGX 引 脚 输入 ,经 U112 内 部 话音 信号 传输 处 理 后 从 
VTX 5 RSN 引 肢 输出。 输出 信号 分 两 路 : - 路 经 | K103 的 1-2 送 往 PCM 编码 器 或 经 
K103 的 2-3 送 往 PCM 编码 器 ; 另 一 路 经 K104 的 1-2 或 2-3 送 往 话 路 终端 接收 滤波 电路 的 
]105 ,选择 后 从 话音 信号 输出 电路 的 喇叭 输出 话音 。 

3. 实验 内 容 

(1) 用 示 波 兹 在 相应 测试 点 上 测量 各 点 波形 : 同步 信号 源 .电话 输入 电路 .话音 输入 电 
路 、 外 加 模拟 信号 输入 电路 。 

(2) 熟悉 上 述 各 种 信号 的 产生 方法 .来源 及 去 处 ,了 解 信 - 


7 流程 。 
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4. 实验 步骤 
CD 用 示波器 测量 TPI06,TP107, TP108, TP109, TP110, TP112, TP113, TP114 等 各 
点 波形 。 


(2) 测量 音乐 信号 时 用 K105 接 通 十 3. 3V, 此 时 K105 BH 1-2, 令 音乐 片 加 上 控制 信 
号 ,产生 音乐 信号 输出 。 

S. 各 测量 点 波形 (以 PCM 为 例 ) 

TP106: 由 CPLDCEPM7128SLC-15) 分 频 产生 的 2kHz 方 波 。 

TP107: 与 工作 时 钟 同步 输出 的 2kHz 正弦 波 信和 号。 

TP108; 0. 3 一 3. 4kHz 频率 可 调幅 度 可 调 的 正弦 波 。 

TP109; ih pt 2X rm Bz CBE TU fpi m dA o 

TP110; 音频 功放 输入 信号。 

TP111: 音频 输出 信号 。 

TP112: 话 路 终 病 发 送 模拟 信号 输出 。 

TP113: 电话 电路 送 往 PCM 编码 器 的 话音 信号。 

TP114: 电话 电路 送 往 话 音 终端 接收 滤波 电路 的 话音 信号 。 


实验 二 脉冲 编码 调制 PCM 


实验 内 容 


(1) 用 同步 的 简易 信号 观察 A f£ PCM 八 比特 编码 的 实验 。 

(2) 脉冲 编码 调制 (PCM) 及 系统 实验 。 

1. 实验 目的 

CD 加 深 对 PCM 编码 过 程 的 理解 。 

(2) 熟悉 PCM 编码 和 详 码 专用 集成 芯片 的 功能 和 使 用 方法 。 

(3) 了 解 PCM 系统 的 工作 过 程 。 

2. 实验 电路 工作 原理 

1) CM 的 基本 工作 原理 

脉冲 调制 就 是 把 一 个 时 间 连 续 、 取 值 连 续 的 模拟 信号 变换 成 时 间 离 散 、 取 值 离散 的 数字 
言 号 后 在 信道 中 传输 。 脉 码 调制 就 是 对 模拟 信号 先 抽 样 ,再 对 样 值 幅度 量化 .编码 的 过 程 。 

所 谓 抽 样 , 就 是 对 模拟 信号 进行 周期 性 扫描 ,把 时 间 上 连续 的 信号 变 成 时 间 上 离散 的 信 
写 。 该 模拟 信号 经 过 抽样 后 还 应 当 包 含 原 信号 中 所 有 信息 ,也 就 是 说 ,能 无 失真 地 恢复 原 模 
拟 信号 。 它 的 抽样 速率 的 下 限 是 由 抽样 定理 确定 的 。 在 该 实验 中 ,抽样 速率 采用 8kbys。 

所 请 量化 ,就 是 将 经 过 抽样 得 到 的 瞬时 值 进行 幅度 离散 , 即 用 一 组 规定 的 电 平 ,把 瞬时 
抽样 值 用 最 接近 的 电 平 值 来 表示 。 

一 个 模拟 信号 经 过 抽样 量化 后 ,得 到 已 量化 的 脉冲 幅度 调制 信号 , 它 仅 为 有 限 个 数值 。 

所 请 编码 ,就 是 用 一 组 二 进 制 码 组 来 表示 每 一 个 有 固定 电 平 的 量化 值 。 然 而 ,实际 上 量 
化 是 在 编码 过 程 中 同时 完成 的 , 故 编码 过 程 也 称 为 模 / 数 变换 , 记 作 A/D. 

由 此 可 见 , 脉 冲 编 码 调 制 方式 就 是 一 种 传递 模拟 信号 的 数字 通信 方式 。 

PCM 的 原理 如 图 B. 6 所 示 。 话 音信 号 先 经 防 混 炙 低 通 滤波 器 进行 脉冲 抽样 , 变 成 
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SkHz 重复 频率 的 抽样 信号 ( 即 离散 的 脉冲 调幅 PAM (55) ,然后 将 幅度 连续 的 PAM 信号 
用 “四 舍 五 人 ”法 量化 为 有 限 个 幅度 取 值 的 信号 ,再 经 编码 ,转换 成 二 进 制 码 。 对 于 电话 ， 
CCITT 规定 抽样 率 为 gkHz, 每 抽样 值 编 8 位 码 , 即 共有 2* —256 个 量化 值 , 因 而 每 话 路 
PCM 编码 后 的 标准 数码 率 是 64kb/s。 为 解决 均匀 量化 时 小 信号 量化 误差 大 .音质 差 的 问 
题 ,在 实际 中 采用 不 均匀 选取 量化 间 隅 的 非 线 性 量化 方法 , 即 量化 特性 在 小 信号 时 分 层 密 、 
量化 间隔 小 ,而 在 大 信号 时 分 层 下 、 量 化 间隔 大 ,如 图 B.7 所 示 。 


PCM 信 与 


(接收 ) 


图 B.6 PCM 的 原理 框图 


(b) 
图 B.7 ARS uff By HH TTE 


在 实际 中 广泛 使 用 的 是 两 种 对 数 形式 的 压缩 特性 : A 律 和 4 律 。 

A 律 PCM 用 于 欧洲 和 我 国 ,y 律 用 于 北美 和 日 本 。 它 们 的 编码 规律 如 图 B. 8 所 示 。 
图 中 给 出 了 信号 抽样 编码 字 与 输入 电压 的 关系 ,其 中 编码 方式 (1) 为 符号 /幅度 数据 格式 ， 
Bit? 表示 符号 位 ,Bit6 一 0 表示 幅度 大 小 ; (2) 为 A 律 压缩 数据 格式 , 它 是 (1) 的 ADI( 偶 位 反 
相 ) 码 ; (3) 为 1 律 压缩 数据 格式 , 它 是 由 (1) 的 Bit6—0 反 相 而 得 到 ,通常 为 避免 00000000 码 出 
现 , 将 其 变 成 零 抑 制 码 00000010。 对 压缩 大 而 言 ,其 输入 输出 归 一 化 特性 表示 式 为 : 


A ff 
AV, - 21 
Ta oS SER 
= |1+la(AV9 1 | 
4.4 ° 4 00 99 
TEES 


1+ InC1 + pV;) T 
=n a 1 o3» — UY. 
Vs InC1 c p) VETUS 


2) PCM mitto iy TP3067 ie Hat 28 
(1) Jg VET gs HJ fu] HAY 4 。 
Tz dU [ri At S VEI AS. E da 13 FB, e P. E E ES EBORE LR fb 3. aA] B. 9 Ca) Br 


(IAF: 幅度 码 Mm 


MKB 


(DFS: 幅度 码 (2)A 律 编码 


EE EE on 
ERR AE 


io HEHE onn mowo ET EHE EE oron 
EEN E. Seas TETERE 
11000000 EERE 10111111 11000000 TT a i ea 10010101 
10110000 ERES 11001111 10110000 FE a ip Ui 11100101 
10100000 7171717 711101111 10100000 750 T 1L T1 T T BEN 11110101 
10010000 BHH 11011111 10010000 EEBBBEBEB BE 11000101 
10000000 ETER 01111111 10000000 ia i EIE n oe 11010101 
00000000 TT Td 01101111 00010000 TTT] LY, LI TT | 01000101 
00010000 rT] 01011111 00100000 TTT tT BEBE 01110101 
00100000 EE 01001111 00110000 EE B GT M BA B S EH 01100101 
00110000 Zn 00111111 01000000 rT]. Td BEN 00010101 
01000000 BEN 00101111 01010000 Eh 00000101 
01010000 Tiere ri 00011111 01100000 TITIA TI I 00110101 
01100000 B= 7a 00001111 01110000 u "i 00100101 
01110000 00000000 01111111 00101010 
—2.115V -1.207V 0V +1.207V +2.115V —2.5V -1.25V 0V 6—1.25V +4+2.5V 
B11 7-0 B11 7-0 
MSB LSB MSB LSB 
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HATA TEE 


输入 信号 电压 


图 B. 8 PCM 编码 方式 


示 。 到 底 在 什么 时 候 被 取样 ,在 什么 时 序 输出 PCM 码 则 由 A/D 控制 来 决定 ,同样 PCM 码 
被 接收 到 译 码 电路 后 经 过 译 人 码 、 低 通 滤 波 、 放 大 ,最 后 输出 模拟 信号 ,把 这 两 部 分 集成 在 一 个 
忌 片 上 就 是 一 个 单 路 编译 码 硕 , 它 只 能 为 一 个 用 户 服务 , 即 在 同一 时 刻 只 能 为 一 个 用 户 进行 
AD 及 DA 变换 。 编 码 硕 把 模拟 信号 变换 成 数字 信号 的 规律 一 般 有 两 种 : 一 种 是 y 律 十 
五 折线 变换 法 , 它 一 般 用 在 PCM24 路 系统 中 ; 另 一 种 是 A 律 十 三 折线 非 线 性 交换 法 , 它 
般 应 用 于 PCM 30/32 路 系统 中 ,这 是 一 种 比较 常用 的 变换 法 。 模 拟 信 号 经 取样 后 就 进行 A 
律 十 三 折线 变换 ,最 后 变 成 8 位 PCM 码 , 在 单 路 编译 码 需 中 ,经 变换 后 的 PCM 人 码 是 在 

时 际 中 被 发 送出 去 ,这 个 时 序号 是 由 A/D 控制 电路 来 决定 的 ,而 在 其 他 时 除 时 编码 硕 是 没 
win 二 
决定 的 时 际 里 输出 8 位 PCM 码 , 同 样 在 一 个 PCM WE , € B PE P E pieds H BETE— 1 m 
日 己 的 D/A 控制 电路 决定 的 时 序 里 ,从 外 部 接收 8 位 PCM 码 。 其 实 单 路 编 详 码 希 的 发 送 
时 序 和 接收 时 序 还 是 可 巾 外 部 电路 来 控制 的 , 编 详 码 需 的 发 送 时 序 由 A/D 控制 电路 来 控 
制 。 定 义 为 FSx 和 FSr, 要 求 FSx 和 FSr 是 周期 性 的 ,并 且 它 的 周期 和 PCM 的 周期 要 相 
同 ,都 为 125ws, 这 样 ,每 来 一 个 FSx, 其 Codec 就 输出 一 个 PCM 码 ,每 来 一 个 FSr, 其 Codec 
就 从 外 部 输入 一 个 PCM 码 。 


图 B. 9(b) 是 PCM 的 译 码 电路 方 框图 ,工作 过 程 同 图 B. 9(a) 相 反 , 因 此 就 不 再 讨论 了 。 


模拟 信号 


ADETI 


(b) D/A 电路 
图 B.9 A/D 及 D/A 电路 框图 


(a) A/D 电 路 


(2) 本 实验 系统 编 详 码 带电 路 的 设计 。 
我 们 所 使 用 的 编 详 人 码 右 是 把 编译 码 电路 和 各 种 滤波 带 集 成 在 一 个 已 厂 上 , 它 的 框图 如 
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图 B. 10 所 示 。 该 器 件 为 TP3067。 图 B. 11 是 它 的 引 脚 排列 图 。 
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R2 ANLB (模拟 环 回路 控制 输入 ) 
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VFXI- | 
模拟 输入 Tg |_| > 
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上 se r cum o d» ue cimo g poi A NP 
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图 B. 10 TP3067 逻辑 方 框图 


VPO- 

GNDA 

VPO- 

VPI 

VFRO 

VCC 

FSR 
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BCLKR/CLKSEL 
MCLKR/PDN 
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6 
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图 B. 11 TP3067 引 脚 排列 图 


(3) 引 脚 符号 及 其 说 明 如 下 。 

VPO 十 ; 接收 功率 放大 副 的 同 相 输出 。 

GNDA ; 模拟 地 ,所 有 信号 均 以 该 引 脚 为 参考 点 。 
VPO— : 接收 功率 放大 带 的 倒 相 输出 。 

VPI: 接收 功率 放大 兹 的 倒 相 输入 。 

VFRO: 接收 滤波 融 的 模拟 输出 。 
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VCC; iE Ji 5|. VCC=+5V+5%, 

FSR; 接收 帧 同步 脉冲 ,FSR 为 8kHz 脉冲 序列 。 

DR: 接收 帧 数据 输入 。PCM 数据 随 着 FSR 前 沿 移 人 DR. 

BCLKR\CLKSEL: Æ FSR 的 前 沿 后 把 数据 移 和 人 DR 的 位 时 钟 ,其 频率 可 从 64k ~ 
2.48MHz, 

MCLKR\PDN: 接收 主 时 钟 ,其 频率 可 以 为 1.536MHz、1.544MHz 或 2.048MHz。 

MCLKX: 发 送 主 时 钟 ,其 频率 可 以 是 1.536MHz 1. 544MHz 或 2. 048MHz。 它 允许 
与 MCLKR 异步 ,同步 工作 能 实现 最 佳 性 能 。 

BCLKX: PCM 数据 从 DX 上 移出 的 位 时 钟 ,频率 为 64k 一 2. 048MHz ,必须 与 MCLKX 同步 。 

DX: H FSX 启动 的 三 态 PCM 数据 输出 。 

FSX; 发 送 帆 同步 脉冲 输入 , 它 启动 BCLKX 并 使 DX 上 PCM 数据 移 到 DX E. 

ANLB: 模拟 环 回 路 控制 输入 ,在 正常 工作 时 必须 置 为 逻辑 0, 当 拉 到 逻辑 1 时 ,发 送 滤 
波 需 和 前 置 放 大 大和 输出 被 新 开 , 改 为 和 接收 功率 放大 需 的 VPO 十 输出 连接 。 

GSX: 发 送 输入 放大 大 的 模拟 输出 。 用 来 在 外 部 调节 增益 。 

VFXI— ; 发 送 输入 放大 需 的 倒 相 输入 。 

VFXI 十 ; 发 送 输 入 放大 器 的 非 倒 相 输入 。 

VBB: 负电 源 引 脚 ,VBB 王 一 5V 士 5% 。 

(4) PCM 编译 码 电路 。 

PCM 编译 码 电 路 所 需 的 工作 时 钟 为 2. 048MHz, FSR、FSX 的 帧 同步 信号 为 8kHz ^E 
脉冲 ,图 B. 12 是 短 帧 同步 定时 波形 图 ,图 B. 13 是 时 钟 电 路 测量 点 波形 图 ,图 B. 14 是 它 的 
电 原 理 图 ,图 B. 15 是 PCM 编译 码 电路 的 波形 图 。 


TSX / PCM 编 详 妈 使 能 信号 输入 


MCLKx 
MCLKR IP502 


| 
| 
| 2.048MHz 
| 
| 
| 


BCLKX TP502 编码 2.048MHz 主 时 钟 输入 


FSX TP503 / | Ai fid SKHzibui [n] 27 [ci 5 A 


Zi PCM a 18 5 0 Hi 


j | : | 
DX TP504 MA 20.93 XA 6X T X87 
| 


译 码 2.048MHz 主 时 钟 输入 
BLCKR TP502 


FSR TP503 SME VERGSKH Ziyi [3] 27 453 FA 


| = Ei r4 
DR TP505 Sk PSE SE b: Th TE) 详 码 PCM 数 字 信 号 答 入 


图 B.12 得 帧 同步 定时 
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TP101 = 

mina -hnnnnnnnnnnnnnnnn . . 2 048MHz 方 波 
TP102 hog o og. 128kHz 罕 脉冲 
TP103 = 
TP503 bo n .n. SkHZAS HK 


图 B. 13 PCM 编译 码 工 作 时 钟 各 测量 点 波形 图 


在 本 实验 中 选择 A 律 变 换 , 以 2. 048Mb/s 的 速率 来 传送 信息 ,信息 帧 为 无 信 令 帧 , 它 
的 发 送 时 序 与 接收 时 序 直 接受 FSX 和 FSR 控制 。 还 有 一 点 ,编译 码 硕 一般 都 有 一 个 PDN 
降 功 耗 控 制 端 : PDN=0 时 ,编译 码 能 正常 工作 ; PDN=1 时 ,编译 码 器 处 于 低 功 耗 状态 ,这 
时 编译 码 器 的 其 他 功能 都 不 起 作用 。 我 们 在 设计 时 ,可 以 实现 对 编译 码 占 的 降 功 耗 控制 。 

3. 实验 内 容 

(1) 用 同步 的 简易 信号 观察 A 律 PCM 八 比特 编码 的 实验 。 

(2) 脉冲 编码 调制 (PCM) 及 系统 实验 。 

4. 实验 步骤 及 注意 事项 

(1) 在 PCM 系统 送 入 两 组 信号 , 即 : 

(D 2048kHz 主 时 钟 信 号 ; 

D 8kHz 收发 分 帧 同步 信号 。 

(2) 跳 线 开关 放置 : K501 的 2 脚 和 3 脚 .K502 的 1 脚 和 2 脚 、K503 的 1 脚 和 2 脚 。 

(3) PCM 系统 实验 电路 及 参考 波形 图 如 图 B. 14 及 图 B. 15 Ara. 
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图 B. 14 PCM 实验 电路 原理 图 
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t 放大 后 的 PCM 编 码 模拟 信号 输入 


PCM 编 译 码 主 时 钟 2.048MHz 信 和 号 输入 


TP502 
Í 
0 
PCM {9 SkH 者 号 S 
TP503 编译 码 帧 同步 8kHz 信 号 输入 
t 
0 
1254s 
PCM 编 码 数字 信号 输出 
TP504 
f 


- | 8 比特 PCM 码 


1251s 


<= 


PCM 谋 码 数字 信和 号 输入 
目 环 K501 的 2 脚 与 3 脚 连接 测量 时 的 波形 


| 8 比特 PCM 码 


，PCM 译 码 模拟 信号 输出 


图 B.15 各 点 波形 示意 图 


S. 测量 点 说 明 

TP501; 输入 信号 由 开关 J106 选择 , 耕 幅 度 过 大 , 则 被 限 幅 电 路 限 幅 成 方 波 , 因 此 信 
波形 幅度 尽量 小 一 些 ,一 般 峰 峰值 为 1V 左右 。 调 节 幅 度 的 方法 是 改变 外 部 信号 源 的 幅 
Kb. xy miss W108, 

TP502; 频率 为 2.048MHz 的 主 时 钟 信 号 ,TP502 = TP101。 

TP503: 频率 为 SkHz 的 分 帧 同步 信号 TP503 = TP103. 

TP504; PCM 编码 输出 数字 信号 ,数据 的 速率 是 64kHz, 为 8 比特 编码 ,其 中 第 一 位 为 
语音 信号 编码 后 的 符号 位 ,后 7 位 为 语音 信号 编码 后 的 电 平 值 。 

TP505; PCM ARTS ,由 开关 K501 的 2 W5 3 HHE «TE LN UE an 
双 通 道 ,一 定 要 和 TP503 帧 同步 信号 同步 观测 。 

TP506: PCM 译 码 输出 模拟 信和 号 。 


p 


zi 


号 
HE 
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实验 三 AMI/HDB; 编码 和 译 码 过 程 实验 


实验 内 容 


(1) AMI/HDB; 人 码 型 变换 编码 观察 实验 。 

(2) AMI/HDB; 人 码 型 变换 译 码 观察 实验 。 

1. 实验 目的 

(D 熟悉 AMI/HDB; 编 译 码 的 工作 过 程 。 

(2) 观察 AMI/HDB; 码 型 变换 编 详 码 电 路 的 测量 点 波形 。 

2. 实验 工作 原理 

在 分 析 HDB; 数 字 基 带 信号 传输 及 HDB; 码 型 变换 线路 编译 码 工 作 原 理 之 前 ,首先 对 
本 实验 电路 中 使 用 的 HDB; 专 用 集成 电路 CD22103 b Hr YE— T AT 2B & 

1) HDB; 专 用 集成 电路 CD22103 

(OD 引 脚 功能 说 明 。 

第 1 脚 : NRZv—— As? 3E 1 29 1358 ATA 

输入 HDB;2gfi3 FY 3E UH 2E CS» "LE P3 IRE PR CP; 的 下 降 沿 定位 。 

第 2 脚 CP, 一 一 发 送 端 编 码 时 钟 输入 脚 。 

对 NRZ 数 据 编 码 的 输入 时 钟 。 

第 3 脚 : AMI/HDBs; 一 一 码 变 换 方 式 选择 输入 脚 。 

Z: AMI/HDB, =L, X NRZ-AMI 编译 码 ; 

#2 AMI/HDB, = 再 ,为 HDB; 编 译 码 。 

第 4 脚 : NRZo 一 一 接收 端 非 归 零 公 输 出 脚 。 

详 码 后 非 归 堆 数据 , 它 定 位 于 CP. EFA. 

第 5 fl: CP, 一 一 接收 端 解码 时 钟 输入 脚 。 

对 AIN BIN 一 一 数据 进行 解码 的 时 钟 信 号 。 

第 6 fal: SET 一 一 输入 HDB, 码 连 零 告警 置 位 端 。 

第 7 fl; AIS 一 -HDB; 码 连 零 告警 输出 端 。 当 SET==L 时 , 译 码 计数 器 清 零 ,此 后 若 
AIS= 世 ,表示 前 段 在 SET= H 期 间 译 码 过 程 中 出 现 不 少 于 3 个 0; 若 AIS=H, 表 示 出 现 少 
于 3 个 0。 当 SET = H 时 ,使 译 码 计数 紫 工 作 , 进 行 连 0 统计 。 

第 8 脚 : GND 一 一 地 。 

第 9 fal: ERR 一 一 接收 端 误 码 检测 输出 端 , 它 以 违反 HDB, 编码 规律 为 标准 ,统计 接收 
HDB; 码 的 错误 情况 。 若 HDB, 码 出 现 同 极 性 的 3 个 1 时 , 则 ERR=H。 

第 10 脚 ， CP; 一 一 接收 端 时 钟 输出 端 ,提供 为 位 同步 需要 的 时 钟 信息 , 若 LTE=L， 
CP; 二 AIN 十 BIN; 车 LTE=H, 则 CP; =OUT, 十 OUT,。 

第 11 脚 : AIN 一 一 解码 输入 端 ( 十 ) 。 

第 12 H: LTE 一 一 工作 自 环 控制 输入 脚 , 自 环 /工作 控制 信号 , 当 LTE=L 时 ,为 正常 
工作 状态 , 编 解 码 顺 独立 ,以 异步 方式 工作 ; 当 LTE= 瑞 时 ,内 部 将 OUT 与 AIN.OUT; 与 
BIN £i #,CP3 SOUT: + OUT, ,电路 处 于 环 路 测试 状态 ,此 时 NRZ 相对 于 NRZ SERT 6.5 
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个 时 钟 周期 。 

第 13 脚 : BIN—— AE 13 5j A 9g C— ) ,表示 接收 的 欲 解 但 两 路 单 极 性 HDB:( 十 )〈 一 ) 码 
序列 , 它 输入 后 被 解码 时 钟 CP, 的 上 升 沿 抽样 。 

第 14 fal: OUT, 一 一 发 送 端 编码 输出 端 ( 一 )。 

第 15 脚 : OUT, 一 一 发 送 端 编码 输出 端 (十 ) ,表示 编码 后 HDD; 的 两 路 单 极 性 码 序 列 ， 
通 稼 经 变 压 天 合成 三 电 平 HDB: 码 。HDB: 码 输出 。 

第 16 JA: Vj 一 一 正 电源 ,电压 通常 为 十 5V 土 5%。 

(2) 集成 电路 CD22103 功能 框图 如 图 B. 16 所 示 。 


AMI/HDB; ^r 0C i MEM q 
| 
| 
NRA |! | 
一 
CP Ai fid as pr 相 加 | 10 CP, 
| 
! S 国 | 14 OUT: 
| | ) 115 OUT 
LTE 191 | 
| | , NRZo 
| 
AN 4| Tt 解码 器 | 
BIN — 31 n | 
| 
CP | 
3 3 ih ' 
2: | 
SET |! | ọ ERR 
e 吴 码 检测 
| 
| | 
| |, AIS 
| 
| 7 
GND V+ 


图 B.16 集成 电路 CD22103 功能 框图 

2) HDB; 电 路 的 工作 原理 

AMI 人 码 的 全 称 是 传 号 交 蔡 反 转 人 码 。 这 是 一 种 将 消 明 代码 0( 空 号 ) 和 1( 传 号 ) 按 如 下 规 
则 进行 编码 的 码 : 代码 的 0 仍 变换 为 传输 码 的 0, 而 把 代码 中 的 1 交替 地 变换 为 传输 人 码 的 
十 1 一 1 十 1\、 一 1…*… 由 于 AMI 码 的 信号 交替 反 转 , 故 由 它 决定 的 基 市 信号 将 出 现 正人 负 脉 
冲 交 替 ,而 0 电位 保持 不 变 的 规律 。 由 此 看 出 ,这 种 基带 信号 无 直流 成 分 , 且 只 有 很 小 的 低 
频 成 分 ,因而 它 特别 适宜 在 不 允许 这 "irs 过 的 信道 中 传输 。 

从 AMI A———1— 它 已 从 一 个 二 进 制 符号 序列 变 成 了 一 个 三 进 — 序列 ， 
而 且 也 是 一 个 二 进 制 符 号 变换 成 一 个 三 进 Mie 把 一 个 二 进 制 符 号 变换 成 一 个 三 进 制 符 
ee, 1B/1T 码 型 。 

AMI 码 除 具有 上 述 特 点 外 ,还 有 编 诺 码 电路 简单 及 便于 观察 误 码 情况 等 优点 , 它 是 一 
种 基本 的 线路 码 ,并 得 到 广泛 采用 。 但 是 ,AMI 码 有 一 个 重要 缺点 , 即 当 它 用 来 获取 定时 信 
县 时 ,由 于 它 可 能 出 现 长 的 连 0 串 , 因 而 会 造成 提取 和 定时 信号 的 困难 。 

为 了 保持 AMI 码 的 优点 而 克服 其 缺点 ,人 们 提出 了 许多 种 类 的 改进 AMI 码 ,HDB; 码 
就 是 其 中 有 代表 性 的 但 。 
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HDB; 码 是 三 阶 高 密度 码 的 简称 。HDB; 码 保留 了 AMI 码 所 有 的 优点 (如 前 所 述 ), 还 
可 将 连 码 限制 在 3 个 以 内 ,克服 了 AMI 码 如 果 连 0 过 多 对 提取 定时 时 钟 不 利 的 缺点 。 
HDB; 码 的 功率 谱 与 AMI 码 类 似 。 由 于 HDB; 码 的 诸多 优点 ,所 以 CCITT 建议 将 HDB; 码 
作为 PCM 传输 系统 的 线路 个 型。 

如 何 由 二 进 制 码 转换 成 HDB; 码 呢 ? 

HDB, 码 的 编码 规则 如 下 : 

(1) 二 进 制 序列 中 的 0 BE HDB;: 人 码 中 仍 编 为 0 码 , 但 当 出 现 4 个 连 0 人 码 时 ,用 取代 下 
000V 或 BOOV 人 代替。 取代 节 中 V 码 .B 码 均 代 表 1 码 ,它们 可 正 可 负 ( 即 V+ 三 十 1,V- 王 一 1， 
B, 一 十 1,B_ 王 一 1)。 

(2) BUCH CHEM ae: 先 用 000V , 当 它 不 能 用 时 ,再 用 BOOV ,000V KAT A HE 
要 满足 以 下 两 个 要 求 

© 各 取代 贡 之 间 的 V 码 要 极 性 交 蔡 出现 (为 了 保证 传 号 码 极 性 交 蔡 出 现 , 不 引入 耻 流 

成 分 ) 。 
«V 码 要 与 前 一 个 传 号 码 的 极 性 相同 (为 了 在 接收 端 能 识别 出 哪个 是 原始 传 号 码 , 哪 
个 是 V 码 和 B 人 码 ,从 而 恢复 成 原 二 进 制 码 序 列 )。 

当 上 述 两 个 要 求 能 同时 满足 时 ,用 000V 代 巷 原 二 进 制 码 序 列 中 的 4 个 0( 用 000V+ BK 
000V..); 而 当 上 述 两 个 要 求 不 能 同时 满足 时 , 则 改 用 BOO CB, 00V+ 或 B-00V- ,实质 上 
是 将 取代 节 000V 中 第 一 个 0 f PEUX B). 

(3) HDB; 码 序列 中 的 传 号 码 ( 包 括 1 码 、V 码 和 B 码 ) 除 V 码 外 要 满足 极 性 交替 出 现 


的 原则 。 
下 面 举例 说 明 ,如 何 将 二 进 制 码 转换 成 HDB; 码 。 
二 进 制 码 序 列 : 
10000 10 1 00000 1 1 10000 0000 01 
HDB; fi JF 9i . 


Vx—100DDY 110 —1LB;ODYO —1341—1000WV. Boo Veg —1 
从 上 例 可 以 看 出 两 点 : 
。 当 两 个 取代 市 之 间 原 始 传 号 码 的 个 数 为 奇数 时 ,后 边 取 代 闻 用 000V; 当 两 个 取代 
广 之 加 原始 传 号 码 的 个 数 为 偶数 时 ,后 边 取 代 市 用 Boov. 
。V 人 码 破坏 了 传 号 码 极 性 交替 出 现 的 原则 ,所 以 叫 破坏 点 ; 而 D 码 未 破坏 传 号 码 极 性 
交 蔡 出 现 的 原则 , 叫 非 破坏 点 。 
虽然 HDB; 码 的 编码 规则 比较 复杂 ,但 译 码 却 比 较 简 单 。 从 上 述 原 理 可 以 看 出 ,每 一 个 
破坏 符号 V 总 是 与 前 一 非 0 符号 同 极 性 (包括 B 在 内 )。 也 就 是 说 ,从 收 到 的 符号 序列 中 可 
以 容易 地 找到 破坏 点 V ,所 以 可 以 断定 V 符号 及 其 前 面 的 3 个 符号 必 是 连 0 符号 ,从 而 恢 
复 4 个 连 0 码 , 再 将 所 有 一 1 变 成 十 1 后 便 得 到 原 消 息 代 码 。 编 码 工 作 波 形 如 图 D. 17 所 示 。 
3) 电路 的 工作 过 程 
译 码 是 编码 的 逆 过 程 。 其 波形 如 图 B. 18 所 示 。 但 CP; 应 比 译 码 输入 (AIN、BIN) 稍 有 
延 时 。 环 路 测试 由 LTE 控制 ,大 LTESH, M) OUT, 、 OUT: 内 部 短 接 到 对 应 的 AIN、BIN， 
此 时 NRZ,M 2j NRZ; ,但 延 后 8 个 时 钟 周期 左右 。CP; 为 AIN、BIN 相 加 波形 , 供 接收 端 提 
取 时 钟 用 。 
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图 B.18 HDB; i fF RIE 


4) 实验 电路 工作 原理 

在 实验 系统 中 ,电路 原理 图 如 图 B. 19 所 示 。 采 用 了 UAO1CSC22103 专用 芯片 ) 实 现 
AMI/ HDB; 的 编译 码 实 验 ,在 该 电路 模块 中 ,没有 采用 复杂 的 线圈 耦合 的 方法 来 实现 HDB: 
码 字 的 调试 ,而 是 采用 UA02A(TL084) 对 HDB, 的 输出 进行 变换 。 

洽 人 的 码 流 由 UAOl 的 1 脚 在 2 脚 时 钟 信 号 的 推动 下 输入 ,HDB: 与 AMI 由 KA01 X 
择 。 编 码 之 后 的 结果 在 UA01 的 14 脚 和 15 和 脚 输出 。 而 后 在 电路 上 直接 由 UAOI 的 11 脚 
和 13 脚 返回 ,再 由 UA03 进行 译 码 。 正 确 译 码 之 后 ,TPA01 与 TPA08 的 波形 应 一 致 ,但 由 
于 HDB; 的 编译 码 规则 较 复 杂 , 当 前 输出 的 HDB; 码 字 可 能 与 前 4 个 码 字 有 关 , 因 而 HDB, 
的 编译 码 延 时 较 大 ， 

AMI 5 HDB, 的 选择 可 通过 KAO] 设置 , 当 KAO] 设置 在 1-2 KAM. UA01 完成 
HDB: 编 详 码 过 程 ; 当 KAO] 设置 在 1-2 状态 时 , UAOI 完成 AMI 编译 人 码 过 程 。AMI/ 
HDB; 的 编 详 码 工作 波形 如 图 B. 20 所 示 ( 为 了 便于 说 明 ,编码 电路 各 波形 的 延 时 都 已 略 去 )。 

3. 实验 内 容 

(1) AMI/HDB; 人 码 型 变换 编码 观察 实验 。 

(2) AMIZHDB: 码 型 变换 译 码 观察 实验 。 

4. 实验 步骤 

(1) 按 下 按键 开关 : K01, K02, KAO0, 

(2) 跳 线 开关 设置 : KAO] E 1-2(AMI) xk 2-3( HDB, ) .KA02 t 2-3, K A03 置 2-3。 
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图 B. 20 AMI/HDB; 的 编译 码 工作 波形 


S. 测量 点 说 明 

TPAO1: 发 送 端 数字 基带 信人 码 输入 ,人 码 型 为 : 000011101100101, 如 反 相 属 正 第 ,不 影 啊 
正常 实验 。 

TPA02; 发 送 端 64kHz HDB, 编码 的 工作 时 钟 输入 。 

TPA03; AMI/HDB, 编码 时 OUT1 的 输出 波形 。 

TPA04: AMI/ HDB; 编码 时 OUT2 的 输出 波形 。 

TPA05: AMIZHDB: 编 码 输出 波形 。 

TPAO06; 正常 工作 时 为 低 电 平 。 

TPAO07; 接收 端 译 人 码 数 字 基 带 信 和 码 输出 ,人 码 型 同 TPAOIL. JEJE SERT, 


实验 四 ”FSK 调制 解 调 实 验 


实验 内 容 


CD 频率 键 控 (FSK) 调 制 实验 。 

(2) 频率 键 控 (FSK) 解 调 实验 。 

1. 实验 目的 

(1) 理解 FSK 调制 的 工作 原理 及 电路 组 成 。 

(2) 理解 利用 锁 相 环 解 调 FSK 的 原理 和 实现 方法 。 

2. 实验 电路 工作 原理 

数字 频率 调制 是 数据 通信 中 使 用 较 早 的 一 种 通信 方式 。 由 于 这 种 调制 解 调 方式 容易 实 
现 , 抗 噪声 和 抗 衰减 性 能 较 强 ,因此 在 中 低速 数据 传输 通信 系统 中 得 到 了 较为 广泛 的 应 用 。 

数字 调频 又 可 称 作 移 频 键 控 FSK , 它 是 利用 载 频 频率 变化 来 传递 数字 信息 的 。 数 字 调 
频 信 号 可 以 分 为 相位 离散 和 相位 连续 两 种 情形 。 特 两 个 振荡 频率 分 别 由 不 同 的 独立 振 沪 需 
提供 ,其 相位 互 不 相关 ,这 就 叫 相 位 离散 的 数字 调频 信号 ; 硅 两 个 振荡 频率 由 同一 振荡 信号 
源 提供 ,只 是 对 其 中 一 个 载 频 进行 分 频 , 这 样 产生 的 两 个 载 频 就 是 相位 连续 的 数字 调频 信 
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。 在 本 实验 电路 中 ,由 实验 一 提供 的 载 频频 率 经 过 本 实验 电路 分 频 而 得 到 的 两 个 不 同 频 
SUR 了 , 则 为 相位 连续 的 数字 调频 信号 。 
1) FSK 调制 电路 工作 原理 
FSK 调制 解 调 原理 框图 ,如 图 B. 21 所 示 , 图 B. 22 是 其 调制 电路 原理 图 。 
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图 B.21 FSK 调制 解 调 原 理 框 图 


输入 的 基 珊 信号 由 转换 开关 K904 转 接 后 分 成 两 路 ; 一 路 控制 fi-—32kHz HJ ZUM, A 

-路 经 倒 相 去 控制 fp =16kHz 的 载 频 。 当 基带 信号 为 1 时 ,模拟 开关 1 打开 ,模拟 开关 2 

KA ,此 时 和 输出 fı =32kHz; 当 基 市 信号 为 0 时 ,模拟 开关 1 关闭 ,模拟 开关 2 开通 。 此 时 
输出 f. —16kHz. F ze n] FE fii ihm f EY C VL AY FSK 信号 。 

电路 中 的 两 路 载 频 ( 户 、 户 ) 由 内 时 钟 信 号 发 生 器 产生 ,经 过 开关 K901 和 K902 ŽA. M 
路 载 频 分 别 经 射 极 跟 随 天 . 选 频 滤 波 、 射 极 跟随 硕 , 再 送 至 模拟 开关 U901 : A 与 U901 : B(4066), 

2) FSK 解 调 电路 工作 原理 

FSK 集成 电路 模拟 锁 相 环 解 调 希 由 于 性 能 优越 、 价 格 低 康 .体积 小 ,得 到 了 越 来 越 广泛 
的 应 用 。 解 调 电 路 原理 图 如 图 B. 23 所 示 。 

FSK 和 集成 电路 模拟 锁 相 环 解 调 器 的 工作 原理 是 十 分 简单 的 ,只 要 在 设计 锁 相 环 时 ,使 
EMETTE FSK 的 一 个 载 频 户 上 ,对 应 输出 高 电 平 ,而 对 另 一 载 频 f; 失 锁 , 对 应 输出 低 电 平 ， 
那么 在 锁 相 环 路 滤波 融 输 出 闪 束 可 以 得 到 解 调 的 荐 信号 订 列 。 

FSK 锁 相 环 解 调 希 中 的 集成 锁 相 环 选 用 MC14046 。 

压 控 振荡 器 的 中 心 频 率 设 计 为 32kHz。 图 B. 23 中 R924、R925、CA901 主要 用 来 确定 
压 控 振荡 器 的 振荡 频率 。R929、C904 构成 外 接 低 通 滤波 需 , 其 参数 选择 要 满足 环 路 性 能 指 
标的 要 求 。 从 要 求 环 路 能 快速 捕捉 .迅速 锁定 来 看 , 低 通 滤波 硕 的 通 市 要 宽 些 ;: 从 提高 环 路 
的 跟 足 特性 来 看 , 低 通 滤波 希 的 通 市 又 要 军 些 。 因 此 电路 设计 应 在 满足 捕捉 时 间 的 前 提 下 ， 
尽量 减 小 环 路 低 通 滤波 需 的 市 宽 。 

当 输 入 信号 为 16kHz 时 , 环 路 失 锁 。 此 时 环 路 对 16kHz 载 频 的 跟踪 破坏 。 

可 见 , 环 路 对 32kHz 载 频 锁定 时 输出 高 电 平 ,对 16k Hz 载 频 失 锁 时 就 输出 低 电 乎 。 

要 适 Dionne 使 它 对 32kHz 锁定 ,对 16kHz A gi . M TE E Vs] AS fag LH i a 85 
输出 的 基带 信号 序列 。 关 于 FSK 调制 原理 波形 如 图 B. 24 rz. 
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D 32kH zik fcn A 
TP902 je FA OX OX. Ae PB 16kHz 载 频 万 ;输入 
t 

TP903 1 | | 0 0 [1 0 “信和 码 

0 
TP904 32kHz 载 频 大 输出 
TP905 1OKH 2851 cb HH 
TP906 台 路 后 FSK 输 出 

图 B. 24 FSK 调制 原理 波形 图 
3. 实验 内 容 


测试 FSK 调制 解 调 电 路 TP901— TP909 各 测量 点 波形 ,并 作 详 细 分 析 。 

CD 按 下 按键 开关 : K01, K02,K900, 

(2) 跳 线 开关 设置 : K90125 、K902,.;。 

K9041; 、2kHz 的 伪 随 机 码 , 码 序列 为 : 000011101100101, 

K904,., .8kHz F. 

fit FSK 解 调 实 验 时 ,K9041; 、K9031;s。 

(3) 在 CA901 插 上 电容 ,使 压 控 振荡 帮工 作 在 32kHz. AAW 1800 ~2400pF. 

(4) 注意 选择 不 同 的 数字 基 市 信号 的 速率 。 有 1110010 人 码 (2kHz)、1010 交替 码 
(8kHz) 。 由 信和 号 转 接 开关 K904 进行 选择 。 

(5) 接 通 开关 K906 的 2 脚 和 3 脚 ,输入 FSK 信号 给 解 调 电 路 ,注意 观察 1 .0 码 内 所 含 
载波 的 数目 。 

(6) WEE FSK 解 调 输出 TP907 — TP909 波形 ,并 作 记 录 ,并 同时 观察 FSK 758] ril Ym AY BE 
iis ,比较 两 者 波形 ,观察 是 否 有 失真 。 

4. 测量 点 说 明 

TP901; 32kHz 载 频 信号 ,由 K901 的 2 脚 与 3 脚 相 连 ,可 调节 电位 器 W901 改变 幅度 。 

TP902. 16kHz 载 频 信号 ,由 K902 的 2 脚 与 3 肢 相 连 ,可 调节 电位 器 W902 改变 幅度 。 

TP903: 作为 =2kHz 或 8kHz 的 数字 基 市 信 码 信号 输入 ,由 开关 K904 决定 。K904 
的 1 脚 与 2 脚 相 连 : 码 元 速率 为 2kHz 的 000011101100101 码 ; K904 AY 2 脚 与 3 和 脚 相连 . 
码 元 速率 为 8kHz 的 10101010 码 。 

TP904: 32kHz 基带 FSK 调制 信号 输出 。 

TP905: 16kHz 基带 FSK 调制 信号 输出 。 
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TP906; FSK Jil fci BAA f di AB FSK 解 调 电路 的 由 输入 开关 K905 控制 。 

TP907: FSK 解 调 信 号 输入 。 由 FSK 解 调 电路 的 输入 开关 K906 AY 2 脚 与 3 脚 接 和信。 

TP908; FSK 解 调 电 路 工作 时 钟 ,正常 工作 时 应 为 32kHz 左右 , 频 偶 不 大 于 2kHz, 4 
有 偏差 ,可 调节 电位 器 W903 或 W904 和 改变 CA901 的 电容 值 。 

TP909; FSK 解 调 信 号 输出 , 即 数字 基带 信 码 信号 输出 ,波形 同 TP905 。 

ik: Æ FSK 解 调 时 ,K904 只 能 是 1 脚 与 2 脚 相 连 , 即 解 调 出 码 元 速率 为 2kHz 的 
000011101100101 码 。K904 的 2 脚 与 3 脚 不 能 相连 ,否则 FSK 解 调 电 路 解 调 不 出 此 时 的 
数字 基带 信和 码 信号 ,因为 此 时 下 =8kHz, fw 二 16kHz, 所 以 不 满足 AF 三 fi 的 关系 ,因为 此 
时 它们 的 频谱 重 倒 了。 所 以 在 此 项 实验 做 完 后 ,应 注意 把 开关 K904 设置 成 1 脚 与 2 脚 相 


连接 的 位 置 上 。 
实验 五 ”通信 系统 绽 合 实验 


实验 内 容 


(1) 语音 信号 及 通信 系统 原理 综合 实验 。 

(2) 用 单 台 实 验 箱 实现 单 工 通信 系统 实验 。 

(3) 用 两 台 实 验 箱 实现 双 工 通信 系统 实验 。 

1. 实验 目的 

(1) 熟悉 数字 通信 系统 各 级 信号 的 波形 。 

(2) 理解 信号 在 信 意 传输 过 程 中 的 变换 原理 和 方法 。 

(3) 了 解数 字 通 信 系 统 性 能 的 测试 方法 。 

2. 实验 电路 工作 原理 

为 了 使 学 生 对 数字 通信 系统 有 一 个 感性 认识 ,进一步 加 深 对 通信 系统 工作 的 理解 ,本 实 
验 在 前 面 实验 的 基础 上 ,有 代表 性 地 选择 了 增 量 编码 调制 实验 .二 相 PSK(DPSK ) 调 制 解 调 
系统 实验 、 信 号 发 生 需 系统 实验 和 中 央 集 中 控制 器 系统 实验 的 基础 上 ,组 成 一 个 较 完 整 的 通 
信 系 统 综合 实验 ,也 即 模拟 一 个 简易 数字 通信 系统 。 图 B. 25 是 该 系统 较 详 细 的 电路 方 框 
图 。 下 面 就 以 图 B. 25 为 例 介 绍 各 部 分 的 功能 。 

Well): 音频 信和 号 发 生 器 。 

FAE: 内 时 钟 信号 源 。 

方 框 |3|: 增 量 调制 编译 码 系统 的 时 钟 信和 号。 

时 钟 速率 有 64kHz、32kHz、16kHz 与 8kHz。 目 的 是 让 学 生 通 过 选择 不 同 的 时 钟 速率 
观察 增 量 调制 编码 与 详 码 的 波形 ,进一步 加 深 对 信道 通 频 市 市 宽 概 念 的 理解 。 

^t, capu man ERNE, 这 样 在 进行 通信 系统 综合 


时 , 既 可 以 传输 经 过 模 / 数 变换 后 的 音频 信号 (如 语言 信号 .收录 机 播放 的 音乐 信号 或 单一 
频 正 强 波 信号 ), 又 可 以 ppp ;让 电 足 输出 的 伪 随 机 序列 信号 波形 pene 
为 32kHz, 


方 框 |5|: 外 加 音频 信号 源 。 这 在 实验 箱 电路 中 是 没有 的 ,必须 要 由 外 部 加 入 。 它 可 以 
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是 语音 信号 ,也 可 以 是 音乐 信号 ,还 可 以 是 正弦 波 信 号 ,信号 输入 通过 开关 J106 选择 。 
方 框 |6|: 增 量 调制 编码 电路 。 它 的 作用 是 将 输入 的 音频 信号 变 成 数字 信号, 它 的 时 钟 


速率 有 64kHz、32kHz、16kHz 及 8kHz 4 种 方式 供 选 择 。 它 的 编码 方式 是 由 CPLD 控制 天 


控制 的 。 
HET: 一 个 码 型 变换 器 。 它 的 作用 是 把 输入 的 绝对 码 变 成 相对 码 。 这 主要 是 为 了 在 
二 相 PSK 调制 方式 中 克服 接收 端的 相位 模糊 而 采用 的 。 

方 框 |3| : 绝对 移 相 键 控 (PSK) 调 制 器 。 它 根据 输入 数字 基带 信号 的 极 性 变化 (1 码 或 0 
码 ) 发 送 两 个 相位 差 为 x 的 调 相 波 ,把 发 送 基带 信号 的 频谱 搬移 到 适合 于 通信 信道 传输 的 频 


段 ,在 实验 中 ,频率 为 1024kHz。 


方 框 |%|: 1024k Hz 载波 发 生 器 电路 。 
方 框 |10| : 一 个 二 相 PSK 调 相 波 信号 接收 放大 电路 。 因 为 调 相 波 信号 经 过 信道 传输 后 


的 波形 变 小 了 。 因 而 在 PSK e yi ast Dal ZT 2635 dni m DOE J FE TPE Ve 


方 框 |11|: 载波 提取 锁 相 环 电路 。 
前 面 已 讲 过 ,该 电路 实际 是 同 相 正 交 锁 相 环 载波 提取 电路 , 它 的 特点 是 : 在 提取 载波 的 
同时 ,数字 基带 信号 也 已 经 解 调 出 来 。 因 此 , 解 调 出 来 的 数字 基带 一 方面 送 位 同步 恢复 电路 
提取 位 同步 信号 , 另 一 方面 送 到 信 码 再 生 电 路 用 位 同步 信号 对 该 数字 基带 信 码 重新 进行 抽 


样 判决 。 
方 框 |12|: 位 同步 恢复 电路 。 它 是 从 解 调 出 的 数字 基带 信号 提取 位 同步 信息 ,一 方面 作 
为 再 生 码 元 信号 抽样 判决 的 定时 基准 , 另 一 方面 作为 增 量 调制 译 码 电路 的 抽样 时 钟 信号。 
方 框 |13|: 一 个 信 码 再 生 电 路 。 它 是 用 位 同步 信号 作为 再 生 时 钟 。 对 解 调 出 的 数字 基 
带 信号 重新 进行 抽样 判决 。 输 出 新 的 再 生 数字 基带 信 码 ,一 方面 作为 数据 直接 和 输出; 另 一 


方面 作为 增 量 调制 译 码 电路 的 接收 信 码 。 
方 框 |14| : 码 型 反 变换 电路 。 它 的 功能 是 把 判决 再 生 的 数字 基带 信 码 (相对 码 ) 恢 复 成 


绝对 码 序列 。 
方 框 |15| : 接收 端 增 量 调制 系统 译 码 电路 。 它 是 把 数字 化 的 音频 信号 恢复 成 模拟 信号 
它 的 取样 速率 有 64KHz,32k Hz. 16k Hz. Hi/E TIRE 32kHz, 可 供 选择 。 在 进行 该 项 综合 实验 
时 ,只 有 选择 再 生 时 钟 32kHz, 它 的 译 码 方式 是 由 CPLD 控制 的 。 它 恢复 出 的 模拟 信和 号 
送 入 音频 放大 电路 进行 音频 功率 放大 。 
方 框 |16|: 音频 功率 放大 电路 。 电 路 见 实验 五 所 示 。 它 把 增 量 调制 译 码 电路 输出 的 音 


频 信 号 进行 放大 ,去 推动 扬声器 ,把 信息 传送 给 收 信者 。 
方 框 |17|: 再 生 信 码 或 是 码 型 反 变换 电路 的 输出 再 生 信 码 。 实 质 上 是 转换 开关 K703 的 


2 脚 输 出 端 。 在 此 端 可 以 测量 输出 数字 信号 波形 。 在 测量 点 TP711 处 可 观察 到 此 波形 。 
至 此 ,对 通信 系统 综合 实验 按 功 能 框图 逐一 进行 了 解释 ,使 读者 对 组 成 一 个 较为 完整 的 


通信 传输 系统 有 了 一 定 的 了 解 。 
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3. 实验 内 容 

1) 用 伪 随 机 码 序列 做 综合 实验 

先 用 伪 随 机 码 序 列 代 蔡 增 量 调制 编码 需 输 出 的 数字 基 珊 信号 ,逐一 进行 实验 。 最 后 从 
接收 端 中 还 原 出 伪 随 机 码 序列 。 

语音 信 E 实验 按照 图 B. 25 进行 连接 。 

2) 单 音频 信号 源 做 综合 实验 

断 开 伪 随 机 码 序 列 , 用 音频 信号 作 信 号 源 , 送 入 增 量 调制 系统 编码 电路 的 输入 端 ,再 逐 
DET Sm. BUA Mes ase mde AS o 

3) 广播 信号 做 综合 实验 

re 

单 台 实验 箱 实 现 单 工 通信 系统 实验 按照 图 D. 26 进行 连接 。 


TP201 TP205 TP304 TP307 TP701 TP711 TP802 TP803 TP111 


ie Gt pt SS OK RE 


再 生 时 钟 == 
图 B. 26 单 台 实验 箱 实 现 单 工 通信 系统 实验 
4) 两 台 实 验 箱 实 现 双 工 编码 综合 实验 
两 台 实 验 箱 实 现 双 工 编码 通信 系统 实验 按照 图 B. 27 进行 连接 。 


TP201 TP205 TP205 TP201 


S107 o 
| AM 
TP203 
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TP111 TP803  TP802 | | TP802  TP803 TP111 


接收 病 


乙 实验 箱 


图 B.27 两 台 实 验 箱 实 现 双 工 编码 通信 系统 实验 
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音频 信号 作 信 号 源 , 送 入 甲 实验 箱 的 增 量 调制 系统 编码 电路 的 输入 端 S107 rp ,通过 
导线 相连 接 到 乙 实验 箱 的 增 基 + 调制 系统 译 码 电路 的 输入 端 J801 的 5 脚 与 6 脚 相 连 , 再 逐一 
进行 实验 。 最 后 从 乙 实 验 箱 的 扬 声 需 中 还 原 出 音频 信和 号 。 
5) 两 台 实 验 箱 实现 双 工 调制 解 调 综 合 实 . 
两 侣 实验 箱 实现 调制 解 调 双 工 通信 系统 实验 按照 图 D. 28 进行 连接 。 


ii 


TP201 TP205 TP307 TP307 TP205 TP201 


AM (o) S107 
p 
{5 
ees 


TP802  TPS803  TPIIlI 


to 


ubt Felici 


图 B.28 两 台 实 验 箱 实 现 调制 解 调 双 工 通信 系统 实验 


用 音频 信号 作 信 号 源 , 送 入 甲 实验 箱 的 增 量 调制 系统 编码 电路 的 输入 端 S107 中 ,信和 号 
从 PSK 调制 电路 输出 ,通过 导线 相连 接 到 乙 实 验 箱 的 PSK 解 调 电 路 的 输入 端 K701 的 2 JA 
与 3 脚 相 连 ,再 逐一 进行 实验 。 最 后 从 乙 实 验 箱 的 扬声器 中 还 原 出 音频 信号。 

4. 实验 步骤 及 注意 事项 

(1) 认真 领会 本 次 实验 的 指导 思想 ,仔细 分 析 实 验 电 路 的 工作 过 程 及 原理 。 在 动手 之 
前 做 到 实验 系统 基本 概念 清楚 。 综合 实验 目的 明确 。 

(2) ARR ESE RES tb ONIS EE Ce 

(3) 根据 实验 内 容 中 提 到 的 步骤 逐一 进行 。 

(4) TERN UE ah RTT rior DRY Be HU 23 22 OG 

(5) BEM — Ab ABBE Bi LE GE ID 7688 AF ake ED Rl] E BS A o 


附录 C 


le | | | | | | | | | a ee | ea | | ae 


erf( x) 


or) Ge co |) fo | a a a oa a a a 2a 2a 2 fa 2 ff 2 2) a ee | & | S|) a) a | a |e | & |e 


. 000000 
. 011283 
. 022565 
. 033841 
. 045111 
. 056372 
. 067622 
. 078858 
. 090078 
. 101281 
. 112463 
. 123623 
. 134758 
. 145867 
. 156947 
.167996 
. 179012 
. 189992 
. 200936 
. 211840 
. 222103 
. 233922 
. 244296 
. 209023 
. 269700 
. 276326 
. 266900 
. 207418 
. 307880 


2 
zl 


,exp(— y )dy 


x erí(x) 


于 || 
E | EE | S |] S | E&E ) | & | 和 |] à | | à» | ^ | ^ | | à^ | | à^ | | | S 


erfCzx) 


SS oOo oOo, ao ec, ec, ea | ea, eo ea; oqo; ea 2 a | ea ,| 2 ea, oo ao e2e |e | eo, eo, 2, ae | ea |) 2 | & 


. 949016 
. 950673 
. 952285 
. 953852 
. 955376 
. 956857 
. 958297 
959595 
. 961054 
. 962373 
. 963654 
. 964898 
. 966105 
. 967277 
. 968413 
. 969516 
. 970536 
. 971623 
.972628 
. 973603 
. 974547 
. 975462 
. 976348 
.977207 
. 978038 
. 978843 
. 979622 
. 980376 
. 981105 
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时 | 8 二 | 


erf x) 


| 


. 981810 
. 982493 
. 983531 


983790 
984407 
985003 
985578 
986135 
986672 
987190 
987691 
988174 
988164 
989091 
989525 
989943 
990347 
990736 


: 991111 


991472 
991821 
992156 
992479 
992790 
993090 
993378 
993656 
993923 
994179 
994426 
994664 
994892 
995111 
999322 
995529 
995719 
995906 
996086 
996256 
996423 


. 996582 
. 996734 


简明 教程 


x erl(x) 


4.09 0.996880 
2.10 0.997021 


ait Q, 


997155 


4.12 0.997284 
2. 13 0.997407 
2.14 0.997525 


& br Q 


997639 


4.16 0.997741 
2 0.997851 
4,160 0.997957 
4.19 0.998046 
2.20 0.998137 
2. 2l 0.998224 
Z.22 0.998308 
2.23 0.998388 


2.24 0. 


998464 


2.29 0.998537 
2. 26 0.998607 
2. 2l 0.998674 
2. 29 0.998738 
2.29 0.998799 
4.90 0.998857 
4.31 0, 996912 
2. 34 0.998966 
2. 33 0.999016 
2.34 0.999065 
4,do 0.999111 
ddo 0.999155 
AS 0999197 
2.38 0.999237 
A, d4) 0.999275 


4,40 0. 


999311 


2.41 0.999346 
2.42 30.999379 


4.43 0. 


999411 


4.44 0.999441 
4.45 0.999469 
4.46 0.999497 
&á.4/ 0.999523 
42.48 0.999547 
2.49 0.999571 
4.0) 0.999593 


r ertir) 


401 O, 


999614 


2.046 0.999635 
4.99 0.999654 
2.94 0.999672 
2.99 Q. 999689 
200 0,909706 


ad Q. 


999722 


4.058 0.999736 
4,99 0,909075] 
2.60 0.999764 
5,01 0.999777 
2.62 0.999789 
2,03 0. 999800 
2.64 0.999811 
2,09 0.909822 


2.66 0. 
2,064 0, 
2.68 0. 
2,00 0 
a7 0, 


999831 
999841 
999849 
999858 
999866 


zl 0.999873 


2 T2 Ù. 


999880 


2.439 0.900887 
2.44 0.999893 
2. T9 0.999699 


2.16 0, 


999905 


2. T7 0.999910 
2.78 0.999916 
2/9 0.999920 


2.90 Ù. 


999925 


2.91 0.999929 


2.55 Ü, 
à. 83 1 
2.904 O. 
2.09 0. 
2.86 UU. 


999933 
099937 
99994] 
999944 
999948 


oo) 0,999951 


2.88 0. 
289 0, 
2.90 0. 


999954 
999956 
999959 


2:91 0.999961 
24,92 0.999964 


ao 


94 


. 95 
. 96 


97 


. 98 
MJ 


00 


. Ol 
. 02 
. 03 


04 


. 05 
. 06 


07 


. 08 


09 
10 


"a 
me f 
. 13 


14 


. 15 
. 16 
m 
. 18 


19 
20 


, 4l 
. 28 
. 43 


24 
Z9 
26 


of 
. 28 


29 


. 90 
. 91 
«34 
. 33 
. 94 


R 


erfC zx) 


. 999965 

. 999968 

„999970 

. 999972 

. 999973 

: 999975 

. 999977 

99997791 
. 99997926 
, 99998053 
. 99998173 
. 99998286 
. 90008392 
. 99998492 
. 99998586 
. 99999674 
99998797 
. 99998835 
. 99998908 
. 99998977 
. 99999042 
. 99999108 
. 99999160 
. 99999214 
. 99999264 
. 99999311 
. 99909356 
,99999397 
. 99999436 
. 99999478 
. 99999507 
. 99999540 
. 99999570 
. 99999598 
. 99999624 
. 99999649 
. 99999672 
. 99999694 
, 99999715 
. 99999734 
. 99999751 
. 99999768 


35 
36 
37 
38 
39 
40 
4] 
42 
43 
14 
45 
46 
47 
48 
49 
20 
ol 


erf(z) 


. 999997838 
. 999997983 
. 999998120 
. 999998247 
. 999998367 
. 999998478 
. 999998583 
. 999998679 
. 999998770 
. 999998855 
. 999998934 
. 99999008 

. 999999077 
. 999999141 
. 999999201 
. 999999257 
. 999999309 
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3.78 0.999999910 
3.62 0.999999694 3.79 0.999999917 


aL ad Eod ER EE DE ad ek aa AME | ee ae 


56 
57 
58 
89 
90 
91 
92 
95 
94 
95 
96 
97 
98 
99 


CO |ojojooyooyoicoijiojicoi|iojco!|cc 


erf Cx) 


. 999999952 
. 999999956 
.099959 
. 999999962 
. 999999965 
. 999999968 
. 999999970 
-999999973 
-999999975 
. 999999977 
. 999999979 
. 999999980 
. 999999982 
. 999999983 


[1] 
[2 ] 
L3] 
L4] 
L5] 
L6] 
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